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Binaural Disc Recording 


Emory Cook 
Cook Laboratories, Stamford, Connecticut 


A synopsis of major factors involved with the recording on disc of binaural sound. Notes are 
given on radial playback error, recording techniques, testing and alignment methods, and com- 


patibility with existing standards. 


Placement of loudspeakers for best effect is discussed, as well 


as the influence of binaural reproduction on quality, loudness, and scope of records. 


THE field of records and recording it is time to take 
stock of the situation and to plan for the future. What 
has been accomplished thus far? First, a large repertory has 
been recorded on 78-rpm discs, but these are of indifferent 
quality. Second, other speeds have been introduced, in- 
cluding the 3314-rpm records with a “long play” per side. 
Third, a very large repertory has been recorded at 3314 rpm 
but the time is not far away when a record producer will have 
to choose between selections which have already been 
recorded once or twice and selections which are not popular 
or are not good music. Last, techniques have been developed 
for making records of extremely wide range and low distor- 
tion, although this is not often accomplished in practice. 

The medium must be improved, but this can be accom- 
plished only by making a new creation out of each selection 
through added dimension, direction, and perspective. Bin- 
aural records are the solution to the problem because the 
binaural medium is practical, economical, and irresistibly 
exciting in records, and, unlike color television, it is totally 
compatible. 

The method to be described here for producing binaural 
records is compatible. It is a practical working basis for 
making binaural records at no increase in cost over regular 
records. There are various ways in which two channels 
can be produced on records. Before this system was chosen, 


1 


however, several were examined to determine which would be 
most practical. These other systems are briefly described 
as follows: 


1. Single-sideband carrier system. For practical applica- 
tions, this system has two faults. The frequency range is 
limited to less than half that of which the record groove is 
capable on the regular basis; also, the record cannot be 
played on a monaural basis by those who wish to use it 
during the period when their equipment is being converted 
for binaural playback. 


2. Vertical-lateral modulation of the same groove. There 
are many things wrong with a practical application of this 
method. For example, cost of a playback arm and cartridge 
would be prohibitive for wide use—after all, present car- 
tridges cannot all be discarded at once. The recording cutter 
would be an expensive, fantastically delicate monstrosity, 
and, in the final result, crosstalk between channels would 
take place at certain frequencies. 


3. Each channel pressed on opposite sides of a record. 
A plant engineer knows that it is practically impossible to 
align stampers rotationally in the press to within 0.010 in. in 
arc referred to the outside grooves. Also, if one side were 
off-center with respect to the other side, a new playback 
machine would have to be built. 
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INSIDE BAND 
OF GROOVES 


BINAURAL 
RECORD 


OUTSIDE BAND 
OF GROOVES 


Fic. 1. The binaural dise is a 12-in. LP split up into two bands, 
inside and outside, which play for approximately 12 min. In record- 
ing, the two styli travel along 9 radius, spaced 11% in. apart. 


4. Interleaving of grooves on the same side of the record. 
With this method, a new type of cartridge would be required, 
having two needles close together. First, nobody would 
be willing to record this way. The tracks have to be recorded 
one at a time on synchronized machines, a very expensive 
process. Also, this method has the same unfortunate char- 
acteristic as LP’s; there is a wide range of operating 
diameters. It is still required to go all the way from outside 
to inside, unnecessarily. 

There are other possible methods, but for total com- 
patibility and low cost the two-band method is the best. 
A 12-in. LP disc is split up into an inside band and an outside 
band (Fig. 1). Each band in itself does not have as great 
a change in diameter from outside to inside as a regular LP; 
therefore the translation loss problem is minimized. As a 
matter of fact, the inside of an LP disc would be acceptable 
as a medium, except for the drastic attempts made by some 
to pre-equalize it during recording to match pre-emphasis on 
the outside. 

The recording styli are spaced 1 11/16 in. apart on a 
radius, just as with standard records. Playback styli are 
spaced similarly, and there is a certain geometry of arm, 
pivot point, and offset angle which allows only about 
+0.010 in. of error in departure from a mutual radius of 
the two playback points as they travel along the bands of 
grooves. If the record is slightly stretched or warped, there 
is a little lateral lost motion in one or both of the cartridge 
mountings, in order to let them find the right groove and stay 
there. The rattle in this lost motion is taken up completely 
with a viscous damping grease. There is a lateral adjust- 
ment to permit accuracy in the 1 11/16-in. spacing, and 
a longitudinal adjustment to synchronize the two playback 
points on the same radius. There is a test record to allow 
this synchronization to be performed, and also to serve as 


a standard for alignment of cutters on the recording lathe. 

The system permits about 12 min. per side on an LP 
without the need for extremely fine grooves. It is free from 
synchronization bugs caused by eccentric pressings, or by 
unsymmetrically stretched or warped metal, parts or press- 
ings. Only simple modifications of existing recording equip- 
ment are required. It is necessary only to produce two indi- 
vidually sprung cutters on the carriage, spaced 1 11/16 in. 
apart. 


TRANSLATION LOSS 

The subject of translation loss must be considered from a 
fresh point of view. In simple terms, translation loss is the 
difference in response and performance between outside and 
inside. But with this method we do not go more than half- 
way from the outside to inside of the disc for one band. 
There is no valid reason for having the frequency response 
of one playback channel identical with the other. For ex- 
ample, we could leave off the pre-emphasis on the inside 
band, make it “flat,” and then play it back “flat.” The 
spectrum of surface noise at the smaller diameters for the 
same record compound is narrower; therefore, there will not 
be any great difference in surface noise between the two 
bands. We use only partial compensation for translation 


loss, not only because full compensation is undesirable, 
impossible, and distortive, but also because the time is 


approaching when 14-mil radii will be used for playback. 
With -mil points, the mildest compensation will be enough. 


SYNCHRONIZATION 

Binaural sound cannot be compared to stereo sight. We 
will not wear earphones any more than we will wear stereo 
spectacles constantly at the motion pictures. Instead, we 
are going to have loudspeakers in a living-room and sit 
comfortably and unencumbered. Thus, the whole approach 
to microphone spacing technique and allowable synchroniza- 
tion error changes. By using a 6-in. (human ear) spacing 
of microphones and by wearing earphones for playback, we 
could get phase effects at 1,000 cycles, but only if the selection 
were played back precisely the same way it was recorded. 
The relative position of two heads, even in tape, is not 
mechanically stable enough to keep the listener within a 
half wavelength at 1,000 cycles. This point is unimportant, 
however. The listener may sit or stand in a random position 
in a living-room with two loudspeakers spaced perhaps 12 
or 15 ft apart. Also, the living-room acoustics are added to 
the recorded acoustics. The listener may be closer by 1 or 
2 ft to one speaker. This does not impair the binaural effect. 
It does mean that, for each recording, we shall have to 
study the philosophical question of whether we want to 
provide the listener with the original acoustics of the concert 
hall or studio, or whether instead we want to produce the 
effect of transporting the artist to the living-room. Here 
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Fic. 2. A—A are the points of contact of the two playback styli 
at the start of the record. Line B is the locus of points along which 
the pivot point of the arm C must be located. The angle BC is the 
cartridge offset angle. 


is an important artistic point that was disregarded in the 
production of regular records but which is an exciting new 
facet of binaural records. 

The combined rms synchronization error from beginning 
to end of the entire process of recording a binaural disc is 
about one wavelength at 1,000 cycles. In terms of phase 
delay, this is equivalent to sitting in the tenth row of a 
concert hall and leaning over or turning the head. 

The mechanical playback error caused by the fact that 
the two playback points are not always on the same radius 
is included in Fig. 2, which shows the geometry of the play- 
back. 

At the outside of the record, the error is, let us say, 
positive; in the middle, negative; and at the inside, positive 
again. Therefore, we may say that the error describes a 
“cycle” and passes through two points at which the error is 
zero. The geometry of any length of arm can be constructed 
by referring to Fig. 2. Draw x and y coordinates through 
the center of the record. The x coordinate is the radius on 
which the two playback points approximately lie at the 
beginning, or outside, of the binaural record. Depending on 
the length of the arm, the pivot point of the arm will be 
located somewhere along a locus of points represented by 
x = -15/16 in. The offset angle of the cartridges in the 
arm will be equal to the acute angle of the triangle formed by 
the coordinates and the center line of the arm at the starting 
position. 


To sum up the subject of synchronization, we may observe 
that it is desirable to have the “ears” or channels in perfect 
step. With radially driven playback cartridges, this would 
be automatic. However, over the short arc of swing of the 
arm in traversing the narrow band of grooves, set up accord- 
ing to the geometry given here, there is a completely inconse- 
quential maximum error; in addition, the tracking-angle 
error of the cartridges themselves is lower than ever before. 


COSTS 

Producing records by this method will cost no more than 
under other systems. There will be a nominal amount of 
conversion of existing disc-recording equipment, and syn- 
chronized dual-track tape machines will have to be installed 
to record originals. But the expense of copyrighted music 
and of musicians will be less per side because the time is less. 
Musicians will be happy, because no recording originally 
made by present methods can be “converted” by any 
mysterious secret process to a binaural performance. The 
practice of hiring a hall and playing old records through a 
mammoth loudspeaker into two binaural microphones located 
in the first aisle is completely false; the result is different 
from the original only in that it sounds worse. There is no 
synthetic substitute for binaural recording. 

The added cost of playback equipment is of little conse- 
quence. Every audiophile who has a spare cartridge, an 
amplifier, and a speaker requires, in addition, only an arm 
and a little work. The cost of a binaural phonograph as 
compared with a regular phonograph of the same quality of 
construction referred to list price has been estimated at 
between $30 and $40 more. And in equipment under the 
$100 level, the binaural improvement is so tremendous that 
purchase becomes imperative for people who are at all ear- 
conscious. The cost of a binaural amplifier will be very 
little more than the equivalent push-pull throughout amplifier 
of the same construction. For twenty years in engineering 
circles binaural recording has been considered an impractical 
medium for mass consumption. Many of us can remember 
the original Bell Laboratories’ “audio perspective” demon- 
strations at the Institute of Radio Engineers. Now, with 
33%-rpm speed well established, three-dimensional records 
are a practical medium because the cost is practical. 

The field of audio is growing rapidly. New technical de- 
velopments are arriving, and many more people are becoming 
interested. A large percentage of new arrivals to the audio 
scene are discriminating television watchers who have been 
driven away from most television programs. These people 
will be discriminating listeners as well as discriminating 
watchers. Therefore the development and direction of our 
technical growth must harmonize with the requirements, 
tastes, and interests of these newcomers, for it cannot other- 
wise survive. 
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Methods of Measuring Surface Induction of Magnetic Tape 


J. D. Bicx* 
RCA Victor Division, Camden, New Jersey 


The term “surface induction” is defined as the recorded signal on the tape. If it can be measured, 
a method of obtaining the frequency characteristic of the recording system is available so that 
recorders and tape can be accurately calibrated and the standardization of recording characteristics 
facilitated. Methods of measuring surface induction are presented with a discussion of their merits. - 
Results of laboratory experiments are included to illustrate the problems. 


E SURFACE induction of a recorded magnetic tape 

is a quantitative measurement of the signal stored on 
the tape. More precisely, it defines the field of flux at the 
surface of the tape where it is available for reproducing 
with a conventional playback head and system. A frequency 
characteristic of surface induction defines the characteristic 
of stored signal on the tape. All tapes recorded with the 
same characteristic of surface induction will give the same 
results on any conventional playback system. Therefore, 
the frequency characteristic of surface induction is useful as 
a means of interchanging tapes with proper playback cor- 
rections, of evaluating recording and playback system 
losses, and perhaps also as a means of establishing standards 
for the industry. 

A disc recording with modulated grooves can be measured 
directly by optical means. Thus, the amplitudes of signals 
recorded in sequence or in a glide can be measured, giving 
the frequency characteristic of the record itself. This fact 
is very helpful in establishing standards both for record- 
ing systems and for playback systems. 

Unfortunately, a magnetic recording is more intangible. 
We have no direct means of quantitative measurement of the 
tape, especially at the shorter wavelengths. However, there 
are various indirect methods of determining the surface in- 
duction, two of which are the subject of this discussion. 
They are somewhat laborious to perform, but they have 
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Fig. 2. Curves for the RT-11B tape recorder at 15 in./see. 


one virtue. They can be performed on any suitable mag- 
netic recorder in the field and are not merely relative meas- 
urements made on an arbitrary laboratory machine. 

If we look at some typical curves of a magnetic tape re- 
corder, it will become apparent how useful the surface 
induction curve is. 

Figure 1 shows a set of curves for a typical RCA RT-11B 
tape recorder. The upper pair of curves shows the recording 
current pre-emphasis for each speed. The next pair of curves 
shows the surface induction for each speed; that is, the 
stored signal on the tape using this system. The next pair 
of curves shows the reproducing post-emphasis for each 
speed. These show the responses that would be obtained if 
the tape induced a constant current in the reproduce head. 
And finally, the lowest pair of curves shows the overall 
system response from 30 cps to 15 ke for the two speeds. 

Having the surface induction curves, we can now evaluate 
the recording losses of the system as well as the reproducing 
losses. In the production of tape recorders, the losses vary 
somewhat in both recording and reproducing. But every 
machine is so adjusted that surface induction is the same, 
and overall response the same, only pre- and post-emphasis 
curves being altered to make up for these variations in losses. 
Therefore, tapes recorded on any machine can be reproduced 
on any other machine of this type with the same overall 
response. 

In Fig. 2 we see a set of curves which will explain further 
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Fic. 3. Curves for the RT-11B tape recorder at 7.5 in./sec. 


the importance, in a given design, ot adhering to.a specific 
surface induction curve. This shows the performance 
curves for the same RT-11B magnetic recorder at 15 in./sec. 
The flat system response is noted. A program distribution 
curve, typical of peak levels contained in all kinds of pro- 
gram material including music and speech, is shown for 
reference. This is the 75-ysec curve which is the inverse of 
the FM pre-emphasis curve. Above this is the capability 
curve of the recorder which is represented by constant 3% 
distortion at the low end, and by tape compression at the 
high end. The 2-db compression curve is close to the knee 
of the overload point; that is, where a 1-db change of input 
causes a %4-db change of output and is somewhat below 
saturation. It is seen that there is a wide margin between 
the program distribution curve and the capability curve at 
high frequencies. 

At the bottom of the figure is the noise curve. At any 
frequency, the dynamic range is the difference between 
noise and capability. 

In Fig. 3 we have the corresponding performance curves 
at 7.5 in./sec speed. Again we have the flat system response. 
But now the margin between program distribution and 
capability has been reduced and the noise has come up some- 
what. 

Now, as a practical matter in designing tape recorders, 
the noise is largely due to the reproducing system; and hf 
noise can be reduced if we use more pre-emphasis. The 
capability curve, however, runs below the program distribu- 
tion curve; this means that at high levels the highs become 
distorted or compressed sooner than the lows. Therefore, a 
given surface induction curve represents a compromise which 
gives the best dynamic range with flat system response. 

We must choose our surface induction curves carefully 
with all this in mind, and we must take into account all 
other factors such as differences among tapes which exhibit 
various capability curves. 


We have seen the usefulness of defining the surface induc- 
tion curves. Now, how do we get them? 

Various laboratories have attempted some of the tech- 
niques of measurement used in the methods to be described. 
One of the methods was specifically proposed by Mr. P. E. 
Axon of the BBC Research Department.' The plan to use 
surface induction as a basis for standards was proposed first 
by the BBC and by the Danish State Radio, as participating 
members of the CCIR. Formulation of the specific procedure 
for the two methods of measurement is set down in the 
Danish report? to CCIR of February 1952. Since that 
time, participating members of the CCIR and NARTB have 
been attempting to verify the methods in an effort to arrive 
at standards. 

The two methods which will be described here may be 
referred to as the short-gap method and the long-gap 
method. The methods have been named in this manner to 
distinguish them readily. In the short-gap method, a repro- 
duce head is used whose gap length is short with respect to 
the shortest wavelength to be measured. In the long-gap 
method, the head gap is long with respect to the measured 
wavelengths. 

The two methods will be described in turn, together with 
experimental results; finally, the results will be compared. 
The short-gap method will be considered first. 


SHORT-GAP METHOD 


The short-gap method consists in calibrating a suitable 
reproduce system for losses and in using the calibrated 
system to measure the output from a tape whose surface 
induction we wish to find. The method can be broken down 
into four steps: (1) determining wavelength losses; (2) 
measuring frequency losses; (3) measuring the output of 
the tape to be evaluated; and (4) computing the surface 
induction from the data of the first three steps. 

In the experiments, a typical RT-11B reproduce head was 
used and connected open circuit to a relatively flat amplifier. 
This system was used for all measurements. In practice, 
an equalized system could be used as well, provided that 
computations were all made to take this into account. 

The wavelength losses due to the gap effect were de- 
termined first (see Fig. 4). The gap loss is assumed to follow 
the equation 
sin 78/ 

1d/) 
where 6 is the effective gap length and ? is the wavelength 
of recorded signal. The figure shows the loss curve with 
its null at the frequency where 8 = ). The method of 
determining wavelength loss consists in measuring 8 and 
computing the losses from the equation. By definition, 8 


Loss = 20 log 


1p. E. Axon, BBC Quarterly, 5, No. 1 (Spring 1950). 
2 CCIR Question 63, Denmark 2-28-52. I.T. No. 2022. 
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15 KC 
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"_|ISIN/SECTY 


Loss 20106] ———*— 
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A 
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t Fic. 4. Wavelength losses, short-gap method. 


is equivalent numerically to the wavelength of the recorded 
signal at which the null occurs. 

In the experiments the tape was run at a speed of 17 in./ 
sec, and the output of the reproduce system was explored 
with respect to recorded frequency. A distinct null was 
located at 7,100 cps from which an effective gap length of 
0.26 mil was computed. In locating the null, it was found 
helpful to use filters in the output and to reduce the bias 
to a low value in order to reduce the recording losses. Com- 
plete removal of the bias, however, led to a false null at 
2,500 cps, which is believed to be due to the geometry of the 
record head. 

Having the value of 5, the wavelength losses at the speeds 
of 15 in./sec and 7.5 in./sec were-computed from the equa- 
tion. The equation is probably valid in this case because a 
distinct null was obtained. Therefore, the edges of the gap 
were reasonably parallel, and the tape was in good contact 
with both edges. The accuracy of the equation with varia- 
tions in gap geometry is greatest when the loss is small. At 
¥4-mil wavelength, the computed loss is not more than 5 db. 

The next step in calibrating the reproduce system consists 
in measuring the frequency losses. In the experiments, four 
different methods were used to measure this, with substantial 
agreement among them. One method used tape; the others 
were electrical. 

The first method, using tape, may be referred to as the 
change-of-speed method. A series of wavelengths were re- 
corded and then played back through the system to be cali- 
brated at speeds of 15 in./sec and 7.5 in./sec. The outputs at 
corresponding wavelengths were noted, and a correction of 6 
db was added to the readings at the lower speed to make up 
for the fact that the rate of change of flux for each wave- 
length was one-half that of the same signal at the higher 
speed. 

In Fig. 5, the upper curves show the output obtained at 
the two speeds for corresponding wavelengths with correc- 
tion of +-6 db added to the 7.5 in./sec curve. The difference 
between the curves represents the octave loss at each fre- 
quency, since the speed change was a factor of 2. The total 
accumulated loss of a given frequency represents the sum 
of losses for all octaves down to the point where the curves 
coincide. For example, the accumulated loss at 15 kc equals 
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the sum of losses at wavelengths of 1, 2, 4, 8, etc., mils. 
This accumulated loss thus obtained at all frequencies is 
shown in the lower curve. 

This method of measuring frequency loss has the ad- 
vantage of using tape directly but the disadvantage of accu- 
mulative error as well as somewhat unsteady readings at 
shorter wavelengths. 

A variation of this method can be used in which the speed 
is made continuously variable over a wide range. However, 
this is not available on machines in the field, whereas most 
machines have two speeds. 

There are various electrical methods of approximating 
these frequency losses. Figure 6 shows the circuits for three 
of these methods. One method is to feed a constant current 
source through the playback head and measure the output 
of the system. The voltage across the head approximates 
the condition of induced voltage produced by a flat surface 
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induction of the tape but with no wavelength losses. How- 
ever, the flux path is not the same as it would be from tape, 
since all of the flux passes across the front gap where dif- 
ferent frequency losses may be found. Also, care must be 
taken to prevent resonance of the head within the frequency 
range of the measurements, since this would cause incorrect 
evaluation of frequency losses. 

Another method—perhaps more accurate, in that the 
flux path in the head is the same as it would be from a 
recorded tape—is the use of an electromagnet placed across 
the head gap. In this method we have, in effect, a stationary 
magnet of fixed wavelength which can be varied in frequency. 
To be accurate, this method requires evaluation of frequency 
losses in the electromagnet itself. 

The last method also makes use of a stationary magnet of 
fixed wavelength and variable frequency across the gap. 
A conductor is placed parallel to the gap; a constant current 
passing through the conductor produces a constant induc- 
tion. The conductor used is a brass strip of greater width 
than the length of the gap. 

The four curves in Fig. 7 show the frequency losses of 
the system obtained with all four methods. The A curve 
shows the losses measured by feeding constant current 
through the head; the B curve shows those measured by the 
electromagnet method; and the C curve shows those meas- 
ured by the conductor method. The B curve was corrected 
for electromagnet losses. 

The D curve shows the losses measured by the method 
which uses tape at variable speed. This curve agrees very 
closely with the A curve. In fact, the curves all correlate 
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within +-1 db. The D curve was used to calibrate the system 
for the curves to be shown later. 

The reproduce system has now been calibrated, and the 
wavelength losses and frequency losses have been measured 
separately. The next steps can now be taken: measuring 
the output of the unknown tape and computing the surface 
induction by correcting the output for those losses. In this 
case, the tape used in the experiment was a recording having 
the standard characteristic for the RT-11B tape recorder at 
15 in./sec and 7.5 in./sec. 

Figure 8 shows the resulting surface induction at the two 
speeds. The lower curves at each speed show the output of 
the system which has been graphically corrected by 20 db 
per decade. The dotted curves show the outputs corrected 
for frequency losses, and the upper curves are corrected for 
frequency and wavelength losses, giving the resultant surface 
induction. 

It should be noted that an additional wavelength loss of 
the order of +1 db was found at the extreme If end of the 
output curve. This could have been measured by using 
very low tape speeds. Actually, it is fair to assume in this 
region that the surface induction is proportional to record- 
ing current. 


LONG-GAP METHOD 


The long-gap method of measuring surface induction also 
consists in calibrating a reproduce system, but in this method 
a playback head is used that has an effective gap length 
which is long with respect to the wavelengths to be measured. 

An ideal long-gap head connected open circuit and with 
constant induction has a veltage output with alternate 
maximum points and nulls, as shown in Fig. 9. The output 
curve is assumed to follow the equation: 

E= K sin 78/) 
The constant K includes the surface induction, the gap 
length, and the speed of the tape. From the equation 
dE 
d(8/h) 
The maxima occur when 6 = 1/2 i, 3/2 3, etc., or when 
3 = (n—¥%) }. The minima occur when 6 = n i. The value 
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of E at the maxima equals a constant. Therefore, the locus 
of maxima with an ideal head is a straight line and flat. 
This line represents surface induction directly. 

A non-ideal head together with its amplifier will have a 
locus of maxima other than a straight, flat line. This is due 
to frequency losses which can be corrected and to secondary 
wavelength losses which cannot be corrected at the present 
time. 

It is to be noted that surface induction is measured by 
this method at discrete frequencies only, i.e., the frequencies 
where the maxima occur. Also, the lowest frequency meas- 
ured is that of the lowest maximum. Therefore, the long- 
gap method is concerned with mf and hf measurement only. 

The long-gap method can be divided into three steps: 
(1) measuring frequency losses; (2) measuring the output 
of the tape to be evaluated; and (3) computing the surface 
induction from the data. 

In the experiments, a long-gap head was made and con- 
nected open circuit to a relatively flat amplifier. The head 
had a gap length of 18 mils, which caused the maxima to lie 
approximately 1 ke apart at 15 in./sec. A considerable 
effort was made so that the edges of the gap were as nearly 
parallel as possible. Actually, three heads were tried, the 
data showing the results of the best one in this respect. 

In the first step, the frequency losses can be measured by 
any of the methods described for the short-gap method. In 
the experiments the change-of-speed method, with tape, 
was used exclusively. 

Figure 10 shows the octave losses as measured and the 
accumulated frequency loss as computed from the measured 
losses. In measuring the octave loss with speed change of 
two, a gliding tone was recorded in the region of each 
maximum so that suitable output could be obtained. 

In the next step, the calibrated system was used to meas- 
ure the output of a gliding tone on a tape whose surface 
induction was to be determined. The surface induction was 
known to be the same as that which was measured with the 
short-gap method, so that a comparison could be made 
between the methods. This was insured by using the same 
record system and head, the same recording current char- 
acteristic and bias current, and the same piece of tape. 

The curves in Fig. 11 show the output at 15 in./sec cor- 
rected for the frequency losses. The heavy line drawn 
through the maxima is therefore the surface induction as 
found by this method. The locus of minima is shown indi- 
cating modulation noise below 3 kc and signal above 3 kc. 
The latter is due to incomplete cancellation because of lack 
of parallelism between the edges of the gap. This may cause 
a slight error in maximum readings. With an ideal head, 
the maxima would not fall off as rapidly at the high end. 

Figure 12 shows similar curves, taken at 7.5 in./sec, of the 
surface induction at that speed. Again the output curve is 
corrected for frequency losses. Here the difference between 
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maxima and minima is not more than 5 db at the shortest 
wavelength. The output of the system at the minima con- 
sists partly of noise but mostly of signal as determined by 
listening and by filtering. Because of an imperfect gap, the 
accuracy of surface induction at the short wavelengths is 
obviously not very great with this head. 

The effect of parallelism between the edges of the gap 
can be illustrated in this way. The point where the maxima 
and minima converge represents an error in parallelism. 
With the experimental head, it appears that convergence 
would occur at about 0.4-mil wavelength or 40 wavelengths 
across one side of the gap and 40.5 wavelengths across the 
other side of the gap. This represents an angular error of 
6 min and a linear error of 1.2% for the gap of the experi- 
mental head. Since this head is not suitable for measure- 
ment at ¥%-mil wavelength, it is evident that a degree of 
accuracy is required which may not be practical to obtain. 

The problem of parallelism in long-gap heads can be 
reduced in various ways. It might be advisable to have a 
series of heads of successively shorter gaps, placing the 
maxima farther apart at the high end but improving the 
accuracy. Or the long-gap head could be made with a 
narrow track width so that for a given angular error in gap 
edges the linear error would be reduced. Neither method 
has been investigated at the time of writing. 

A comparison of the results of the two methods of measur- 
ing surface induction is shown in Fig. 13. The upper set 
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Fic. 13. Comparison of the long-gap and short-gap methods of 
measuring surface induction. 
of curves shows the 15 in./sec surface induction, and the 
lower set shows the 7.5 in./sec surface induction. The 
solid curves represent the short-gap method and the dot- 
dash curves represent the long-gap method. 

The most striking difference between the curves is a dif- 
ference of slope of about 1.5 db per octave. A 2-db per 
octave difference was found by the BBC and by the Danish 
participants in the CCIR. Various explanations have been 
offered for the difference in slope, and the matter is still 
under investigation. It is apparent that there is a wave- 


length-dependent variable that does not appear in the 
assumed equation. 

The short-dashed curve shows a correction of 1.5 db per 
octave in the long-gap curves. With this correction, the 
curves fit closely to about 1.5-mil wavelength with the 
short-gap curves. After this, the long-gap curves drop below 
the short-gap curves. It may be stated that measurements 
reported by the BBC and Denmark were carried out only 
to 1.5-mil wavelength. Up to this point the two methods 
agreed after the slope correction was applied. 

In conclusion, it is felt that it is desirable to be able to 
measure surface induction. With the information gained, 
it is easier to evaluate recording and playback losses of a 
system as well as to evaluate tapes. Furthermore, it is de- 
sirable to be able to make the measurements in the field 
and be assured of substantial agreement of these measure- 
ments with others made on other machines. 

Methods are being devised for making the measurements. 
Of the two methods described in this discussion, the short- 
gap method is easiest to perform and does not require a 
special head construction. Its accuracy is probably good 
if wavelength losses are held within 5 db. The long-gap 
method may be promising in the laboratory, but its accuracy 
must be improved at short wavelengths. Also we need to 
determine the nature of the 1.5-db per octave correction. 
Until this is explained fully, the validity of the long-gap 
method is questionable. 

Other methods may be devised, and with them we may 
have further checks on our results. 

The writer acknowledges the guidance and. suggestions 
of Mr. W. E. Stewart, Chairman of the Sub-committee on 
Magnetic Tape Recording of the NARTB, and Mr. W. H. 
Erikson, of Advanced Development Engineering, RCA 
Victor, as well as assistance in the project through design of 
special heads provided by Mr. L. W. Ferber, of Commercial 
Sound Engineering, RCA Victor. 
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A New Professional Magnetic Recording Tape 


Epwarp Scumipt* 
Reeves Soundcraft Corporation, New York, New York 


A review of the desired properties for a professional magnetic tape indicates that increased 
output at vonstant distortion, better and more consistent hf response, and a smoother coated 
surface would be welcomed features. In addition, certain applications present requirements for an 
alternate base having additional long-term storage facility and greatly improved shrink and swell 
factors. This paper will present data and describe production methods used in the manufacture 
of a new professional tape now available on two types of base supports. 


MS UFACTURERS of magnetic tape have made little, 

if any, differentiation between professional and non- 
professional users of their product, other than selection on 
a uniformity basis. The natural result of technical growth 
in an expanding industry is the specialization of product to 
meet specialized needs. The manufacturers of recording 
equipment have made real improvements in their product. 
In the light of these equipment improvements, changes can 
now be made on tape products to improve tape performance 
and at the same time to permit satisfactory interchangeable 
use on older machines. Therefore, a professional tape has 
been designed especially for the professional user, with these 
new equipments in mind. This new tape is available on a 
choice of base supports, either the regular 1.5-mil cellulose 
acetate, the regular industry standard, or one of the new 
polyester materials, du Pont Mylar A. 

This paper will include the following items of interest on 
the new product: 

1. The technical magnetic properties of the new tape 
formulation. 

2. The use of a benchmark type of standard for determin- 
ing the bias characteristics of any given group of recorders 
in respect to each other. 

3. The technical aspects of Micropolishing, an exclusive 
surface smoothing operation performed after coating. 

4. Mylar polyester film base, and its physical properties 
which give it superiority over cellulose acetate in respect to 
dimensional and humidity changes, stability, and its practi- 
cally limitless storage life. 


1. THE MAGNETIC PROPERTIES OF THE 
NEW FORMULATION 


As the technology of tape manufacture has improved, 
manufacturers have learned how to pack more useful iron 
oxide in smaller spaces, thus permitting production of thinner 
coatings which have equivalent recording-playback charac- 
teristics with the older product. As a result, a new type of 
professional 1,200-ft reel with a larger hub diameter ‘was 
made possible. Thus the improvements in tape permit an 
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improvement in reels with manifold advantages over the 
previous design. However, before manufacture of a new, 
thinner product was begun, due attention was paid to those 
factors which are important to the professional recording 
engineer. The serious audio man will set up his equipment 
and process on a basis that will produce the maximum signal- 
to-noise ratio at a distortion level predetermined by experi- 
ence. In studio work where numerous re-recordings must™ 
be made, the distortion level may be set at a very low value, 
since distortion is an rms effect, additive with each re- 
recording. Therefore, it was decided that the new product 
would incorporate every factor known that would minimize 
distortion. 

Another factor of magnetic recording media which has 
been of concern to serious engineers is dc noise. In objec- 
tionable cases this is heard as a peculiar swish behind the 
modulation. To those who are familiar with optical record- 
ing on film, dc noise may resemble noise reduction swish, 
except that it is heard under the signal rather than preceding 
it. In multiple re-recordings this noise, like all others, is 
cumulative and can quickly damage the final product. A 
drop in recording level is no cure here; it merely accentuates 
other noise problems. In the control of production of the 
new tape, every effort is made to bring the dc noise level to 
a point where it cannot be objectionable. At the same time 
the signal-to-noise ratio of the new tape has been improved. 

The established industry standards of uniformity have 
been maintained, reel to reel and within a reel, and the hf 
uniformity Las been improved greatly by Micropolishing. 
No changes in the physical characteristics, such as adhesion, 
coating hardness, and tack resistance, have been made. The 
original advantages of a completely stable coating formula- 
tion have been maintained. 

Equipment engineers have made great strides in design in 
the past few years. In a typical ring type of recording | 
head the useful flux typically forms a semicircular pattern 
over the recording slit. To record shorter wavelengths or 
improved hf response at slower speeds, there has been a 
trend toward narrower gaps. The field from a narrow gap | 
forms a smaller semicircle and penetrates less of the thick- | 
ness of the coating. If a big change is made in reduced gap } 
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idth, the portions of the older, thicker coatings which are 
larthest from the gap are not completely affected by the 
held. Therefore, output will be reduced as the head uses 
less of the active oxide medium, unless more active material 
s used with increased efficiency in a more compact, thinner 
oating. 
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It is always a difficult problem to present comparative data 
on laboratory test measurements which can be translated 
into actual use conditions. Variables in conditions between 
different studios are quite extreme and are naturally de- 
pendent on the equipment and on the type of work normally 
done by each individual studio. The following data on 
electrical performance were run on standard plant test equip- 
ment, which has been selected as representative of normal 
field use. Corroborative information was obtained by Reeves 
Sound Studios on Fairchild equipment, and by Audio Video 
Products Corporation on an Ampex 401 recorder. For- 
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tunately, the United States Navy, as a part of Interim 


il 


Federal Specification [%4-in. Magnetic Tape, W-T-6la 
(Navy Ships) 28 March 1952], has made generally available 
“reference standard” samples of tapes. Figure 1 shows a 
direct comparison of bias vs output, distortion vs output, and 
input vs output at an operating bias of 0.35 ma. The two 
tapes are the Navy reference tape and the new Soundcraft 
Professional formulation at matched coating thickness. It 
is important to include the factor of equivalent coating thick- 
ness in this first comparison to establish identical conditions. 
However, a conventional length of a 0.00070-in. coating on 
standard base will not fit on the new large-hub professional 
reels. 

The principal significance of the data in Fig. 1 is the 
graphic advantage in distortion demonstrated by the new 
coating formula. 


Figure 2 is a comparison of the older Soundcraft product, 
with a greater coating thickness, and the new tape at a 
thickness which permits use on the new large-hub reels. 
Here we see a marked sensitivity advantage of the new 
product compared to the older tape at low bias values, as 
well as a downward shift made in the point of peak output. 
This increased magnetic efficiency is obtained from a coating 
25% thinner. Also of interest are the output vs distortion 
curves in Fig. 2, which indicate a low-level distortion ad- 
vantage over an earlier tape that had been acclaimed as 
having the optimum distortion characteristics of any product 
routinely manufactured. 

The input vs output curves are a measure of the com- 
pression effects of a tape, and the data indicate that the new, 
thinner coatings are the equivalent of the older in this 
rather important and sometimes neglected respect. Figure 
2, however, shows that the slope of the bias vs output curves 
on either side of peak are steeper for the new tape. We see 
that as bias is increased in the operating range the sensitivity 
of the older tape falls off less than the new. This effect is 
partially a result of the thicker coating of the old tape. The 
differences between the two products at points above peak 
bias may be expected to vary between equipments, depend- 
ing on differences in head design already discussed. Thus on 
some equipment with higher than normal bias conditions 
users may even find that the newer tape is not quite as high 
in sensitivity as the old. In most cases, however, the point 
of operating bias is in the 0.30—0.35 ma region, and here, of 
course, we see that the new tape has a considerably higher 
output than could be obtained with the older product. Field 
reports from typical commercial studios without exception 
corroborate these findings. 

Thus the new product electrically represents (1) higher 
output for lower distortion; (2) higher peak output at lower 
bias current; (3) equivalent compression values; (4) im- 
proved dc noise and overall signal-to-noise ratio; and (5) 
25% thinner coating. 
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2. BIAS-SETTING TAPES 

We have seen that, as the head gaps on the new recorders 
have become narrower and as coating thicknesses are de- 
creased, the slope of the output vs bias curve has increased 
(Fig. 2). This is especially marked at bias values above 
maximum tape output. Although this situation is a natural 
result of technology advance of new equipment and products, 
it poses a problem for studios with numerous recording 
machines. The supersonic ac bias is difficult to control and 
meter. The bias flux penetration is influenced by head 
wear; in addition, effects such as frequency drift on tuned 
circuits and tube variations cause changes in the actual 
effective bias. But frequently there is no evidence of these 
changes indicated by normal meter readings. Therefore, 
studio level uniformity problems will be increasingly notice- 
able. 

If we refer to the older tape product in Fig. 2 and assume 
that 0.45 ma was the standard operating bias, we see that a 
shift of bias current from 0.4 to 0.5 has changed the output 
only 1 db. Compare this with a 2.5-db change on the new 
tape for the same bias current difference about an operating 
point of 0.35 ma. 

Changes in level of this kind will be especially troublesome 
to larger studios where it is necessary to intercut program 
material recorded on different machines. 

In October of 1949, Mr. Ernest Franck* read a paper, 
“Improving Uniformity,” before the Audio Engineering So- 
ciety. Mr. Franck proposed a simple and accurate means 
of checking bias settings on different machines, and a process 
that can be accurately benchmarked to a predetermined 
optimum value for any given studio condition. This method 
is to run a test reel made of short, interspliced sections of 
two different magnetic oxides, having dissimilar output vs 
bias curves. These dissimilar oxide coatings are of matched 
thickness, to eliminate any variations caused by changes in 
coating thickness. The result obtained from a bias vs out- 
put run will be similar to the data in Fig. 3. Here we see 
that the two curves cross at one bias point. The test tapes 
are normally chosen so that the outputs are equal at the 
operating bias, in which case equal output from the tapes 

will indicate proper bias conditions, although they may be 
_ used to control bias over the entire range. Looking at Fig. 
3, let us assume that when the tapes are played on a machine 
set to optimum bias conditions there is an output difference 
of 1 db, the black being 1 db higher than the red. Actual 
level is not important, just the difference. Whenever these 
tapes are played back with this difference, black 1 db higher 
than red, the bias conditions in the record head gap will be 
the same. Should the bias be increased, there will be greater 
than 1 db difference. Should the bias be decreased, there 
will be less than 1 db difference. At point A, for instance, 
the black tape will play back 1 db lower than the red. 


* Director of Research, Reeves Soundcraft Corporation. 
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Therefore, with these special bias-setting tapes available 
as a tool, the recording engineering can readily control any 
desired studio bias setting by the following procedure: 

1. Determine the point of optimum bias for the material 
normally used according to any of the classical procedures 
on one machine. 

2. Record and play back the bias-setting tapes on this 
machine, using the optimum bias, and note the level differ- 
ence. Let us assume that black is 1% db above red. 

3. Record and play back the bias-setting tapes on the 
other machines. If the difference is not the same, the bias 
needs adjustment. If, for instance, black is 1% db higher 
than red, the bias is too high and should be reduced until 
the black is the same—'™% db higher than red. 

This procedure is quick, accurate, and can even be used 
to match effective bias on machines that have no indicator 
or meter for bias. All that is needed is a bias adjustment 
knob and an output meter. 

After several machines have been adjusted to the same 
effective bias, they should be checked for uniform playback 
level using one recorded tape, and then, if necessary, the in- 
puts should be adjusted so that every machine records and 
plays back at the same level. 

This special test tape should be particularly useful to the 
large studios, but at the same time it can be a big help to 
any serious recording engineer who is required to maintain 
similar day-to-day performance on any one piece of equip- 
ment. Thus problems of bias drift caused by head wear, 
tube changes, and the like can be eliminated. 

It may be desired to establish a studio benchmark by 
running complete output vs bias curves, as in Fig. 3, but 
this is not required as a routine procedure, as once the dif- 
ference between the dissimilar tapes is determined screw- 
driver adjustments of bias are easily made. 


3. MICROPOLISHING 
On October 10, 1952, Mr. Ernest Franck presented a 
paper, “Magnetic Dropouts as Related to Motion Picture } 
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Fig. 4. Photomicrograph of a typical surfave nodule. 


ilm,” before the Society of Motion Picture and Television 
ngineers. 
Specifically, the problem of dropouts is most serious in the 
otion picture field and in the use of tape for telemetering 
for purposes of recording hf pulse signals. In_ these 
yplications any surface imperfections, especially any pro- 
iberances, will cause an interruption in the recorded signal. 
lotion picture film is normally 0.005 in. thick, compared 
» 0.0015 in. for standard %-in. tape. Thus, the stiffer 
otion picture base cannot bend around the head as inti- 
vately as tape, and a small bump will cause the film to 
ft away from the head momentarily. On %-in. tape, the 
yitness and pliability of the base permits it to bend and 
ow around the head so that most of the head width is kept 
1 good contact. Therefore, magnetic dropouts have not 
een a problem in normal audio tape work. However, as 
e reduce the gap width we enter an area where, under con- 
itions of low tension, these small protuberances begin to 
e audible. Therefore, Soundcraft has decided to Micro- 
olish all professional tape. 
Figure 4 is a photomicrograph of a typical surface nodule 
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on a freshly coated product. Typically these nodules have a 
diameter of 0.003—0.005 in., and careful measurements show 
that on fresh tape they may protrude as much as 0.00015 in. 
Although Mr. Franck’s paper contains more detail, suffice 
it to say that to date all magnetic coatings contain these typi- 
cal protuberances, and all efforts to eliminate them from the 
coatings have been unsuccessful. However, as techniques of 
dispersion have improved, their size has been reduced. 

Various means of polishing off these surface imperfections 
have been tried. High-speed brushes of varying composition 
were unsuccessful because the contact areas were too large 
and it was impossible to concentrate the work on the coating 
protuberances. Other experiments, using felt and mechanical 
buffing wheels, were similarly disappointing. Mr. Franck 
has developed a surface smoothing principle, Micropolishing, 
which has been in routine operation on film products for six 
months and is now incorporated in all professional tape pro- 
duction. This basic principle (Fig. 5) develops high me- 
chanical stresses on coating nodules without damaging 
pressures on the rest of the coating. 

The film or tape passes over the rigidly mounted lower 
roller with the coated side up. This roller is hard and 
smooth. After bending around the return idler, it passes 
over itself with the coated side down. The two coated sides 
are thus rubbed together and are held in contact by a spring- 
mounted upper roller. At the point of contact the two 
coated surfaces are moving in opposite directions and are 
held in effective line contact by the slightly resilient top 
roller. 

When a nodule appears in this line of contact, it is sub- 
jected to high stresses and considerable mechanical work is 
concentrated on the coating imperfection itself. When roller 
diameters, compliances, tensions, and speeds are adjusted 
to the physical properties of the coating, nodules are very 
effectively polished off, leaving a smooth, flat surface. 

Figure 6 is a photomicrograph of the same power as in 
Fig. 4, showing that Micropolishing has planed the nodule 
down to the average surface level of the coating. 

Micropolishing on tape performs another useful tunction. 
We have all noted how the hf response of a new product is 
improved during the first ten or so playings. This is the 
result of the rapid wearing of the freshly coated surface, 
but once the surface has been worn smooth by the heads, 


Fic. 5. Basie principle of the Micropolishing machine. 
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Fic. 6. Photomicrograph of Micropolished nodule. 


the changes in hf response diminish. This can be a trouble- 
some problem where it is necessary to intercut old and new 
tapes. Micropolished tape may be considered to be com- 
pletely pre-worn in. There is no noticeable change in hf 
response with repeated runnings; the net effect, therefore, 
has been to increase hf level by as much as 2 db over un- 
polished coatings. At the same time the surface uniformity 
of Micropolished tape is superior and, therefore, the uni- 
formity of the hf response has been greatly improved. Re- 
peated tests show an improvement in intermodulation dis- 
tortion characteristics. 


4. PROPERTIES OF MYLAR POLYESTER FILM 


R. C. Krueger and A. B. Ness* presented a paper entitled 
“The Electrical, Physical, and Chemical Properties of Mylar 
Polyester Film” before the winter meeting of the American 
Institute of Electrical Engineers in New York in January, 
1952. Much of the following data on Mylar polyester film 
is reproduced with their permission from the above talk. 
In addition, we are especially appreciative of the excellent 
support and suggestions given by John R. Mitchell.* 


* Film Department of the du Pont Company. 


Although du Pont’s production of Mylar polyester fil 
is still on a semi-works scale, nevertheless the availabili 
is sufficient to warrant the manufacture of commercial 4-4 
magnetic recording tapes, using this film as the base suppo 
It is anticipated that some changes will be made in t 
product as research programs progress, and it is expect 
that the properties of Mylar polyester film which are 
interest in our industry will either remain constant or t 
come improved in time. 

To quote directly from the Krueger-Ness summatio 

Laboratory and field tests have shown that Mylar polyester filj 


has the following unique properties which should make it of ré 
interest to the electrical engineer. 

1. Mylar polyester film is a thin film dielectric which combi 
a tensile strength of 25,000 pounds per square inch with a dielectg 
strength cf 4000-5000 volts per mil. (The tensile strength of m 
chine steel is approximately 75,000 pounds per square inch.) 

2. Mechanical and electrical stability is good over a temperatu 
range of -—50°C. to 150°C. 

3. Mylar polyester films, as thin as .00025 inches, possess t 
same or better mechanical and dielectric strength than many diele 
trics of much thicker cross section. 


6. Mylar polyester film is insensitive to moisture and dimensional 
stable over a wide range of relative humidities. 

Examination of the data in the paper and actual fiel 
tests of magnetic tapes made from Mylar polyester fils 
shows that the most interesting characteristic is its long-terq 
dimensional stability. Since Myiar polyester film is n 
affected by moisture and since it contains no plasticizer, i 
aging properties are outstanding, especially when compare 
to cellulose acetate, which has been the common materiz 
used for magnetic tane to date. In addition to the dime 
sional stability of Mylar polyester film, its high tensil 
strength and tear resistance are factors that make it of inteqiy 
est as a magnetic recording tape base material. 

So far, production of Mylar polyester film has been limite 
to three gauges which are of interest to us, namely, 50, 104 
and 200 gauge. Films in these gauges have thicknesses ¢ 
approximately 1%, 1, and 2 mils. The standard cellulos 
acetate film used for magnetic recording tapes is 150-gaug 
material which has a thickness of approximately 1.5 mil 
For consideration as a magnetic tape material, 50-gau 
Mylar polyester film is rather weak and is recommended onl 
for those instances where the physical space of the finaj 
product is the most important consideration. On the othe 
hand, 200-gauge film is somewhat stiff and inflexible, com 
pared to the present 150-gauge cellulose acetate film. Thug 
it might be necessary to increase the tension of the recorde™l 
drives to get adequate contact with the recording head i 
this thicker product were used. In addition, the ree 
diameters would have to be redesigned if the present 1,200 
ft multiples were to be kept. Therefore, for our presen 
purposes we will consider only the properties of 1-mil Myla 
polyester film. 


Table I is a comparison of properties for Mylar polyeste| 
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Tasie I. Properties of Mylar Polyester Film. 


Cellulose 
Polythene acetate 


2,400 11,000 
700 20 
175 4 

19,000 350,000 
60-110 
0.005 9 


Mylar 


bnsile strength, psi 

eak elongation, % 

sar strength, g/mil 

nding modulus, psi 
ftening point, °C 


in./Ib/mil (thickness) 
pact strength per mil, kg/em 
electric constant 
ywer factor (60 eps, 25°C), % 
felectric strength, v/mil 

lume resistivity, ohm-em 
irface resistivity (100% 
RH), % 


30,000 
Ry 


25,000 
3 


2.25 

0.05 

4,000 
4X 10" 


3.5-6.5 
3-6 
3,000 
10” 

4.8 X 10" 


m, Polythene, and cellulose acetate films. Since in actual 
se we are comparing 100-gauge Mylar polyester film with 

0-gauge cellulose acetate, we readily see that the factors 

tensile strength, tear strength, impact strength, and 
oisture absorption become most interesting. Briefly, we 
md that Mylar polyester film has more than twice the tensile 
rength and approximately one-thirtieth the moisture ab- 
yrption of cellulose acetate. This lack of moisture absorp- 
on gives excellent dimensional stability to this new poly- 
ster film base. At a constant dry-bulb temperature of 
4°C Mylar polyester film changes only 0.07% in length 
ver the relative humidity range of 20-92%. Even after im- 
ersion in boiling water for 4 hours, its dimensional change 
s less than 1%. Acetate film has a moisture absorption of 
bout 3% at 100% relative humidity and will change as 
wuch as 5% in length under certain age conditions. It is 
sriously affected by immersion in boiling water. Thus, 
he excellent dimensional stability of Mylar polyester film 
10uld be of extreme interest to any user of tape who de- 
ends on the dimensional properties of the tape for timing 
urposes, e.g., a half-hour transcription. 

Long-term storage is another factor that should be con- 
idered when one speaks of dimensional stability. A reel of 
ape may come out of storage badly distorted. Perhaps it 
as become curled. If it has been stored under dry condi- 
ions as compared to its environment during manufacture 
and use, it may be distorted and have a permanently set 
yattern of unrecoverable kinks. Conversely, moist storage 
1ay produce swelling and layer-to-layer compression to an 
xtent that the reel hub pattern transmits itself throughout 
most of the roll, or the laps which were not wound with 
yrecision may become so permanently set that the curvature 
$s permanent. In any case, storage problems such as those 
lescribed above have damaged or permanently ruined many 
rreplaceable recordings. Therefore, the dimensional char- 
acteristics of Mylar polyester film definitely make it of 
nterest to the industry, as it completely eliminates storage 
sroblems. 
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Besides the lack of moisture absorption, there is another 
characteristic of Mylar polyester film of equal importance 
whenever stability is considered. Cellulose acetate is a 
plasticized product, whereas Mylar polyester film is a com- 
plete chemical compound. All known plasticizers are sub- 
ject to gradual migration or evaporation. As this process, 
which is accelerated by temperature, continues, the cellulose 
acetate base becomes more and more brittle, for it is the 
plasticizer which makes it pliable and flexible to begin with. 
Since Mylar polyester film is a complete chemical compound 
and contains no plasticizer, it will not become brittle with 
age. In fact, the permanence of a magnetic tape made from 
Mylar polyester film coated with an unplasticized pigmented 
binder may be considered to be indefinitely long. 


Since the base thickness of a tape made of 1-mil Mylar 
polyester film is less than that of a cellulose acetate base 
material, 1.0 mil as compared to 1.5 mils, it might be ex- 
pected that the layer-to-layer print-through effects would be 
increased. Actual measurements made according to the 
technique disclosed by Lyman Wiggin* in his paper of Octo- 
ber, 1951, before the Society of Motion Picture and Tele- 
vision Engineers, show that the print-through is unchanged 
and is by these measurements 54 db below signal for both 
the 1.5-mil cellulose acetate and the 1-mil Mylar polyester 
film base tapes. Ordinarily, this should not present a prob- 
lem on any normal audio work. However, since Wiggin has 
shown that the bias erase technique used by Reeves Sound 
Studios for all playback work eliminates print-through as a 
problem, this technique is available for anyone who is con- 
cerned with this matter. 


LOAD (KG) 


LOAD VS ELONGATION 

MAGNETIC RECORDING TAPES * MADE 

FROM DU PONT MYLAR POLYESTER FILM 
* ALL TAPES 1/4" WIDE 
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LOADING 20 RPM 
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20 30 40 
ELONGATION (%) 
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* Reeves Sound Studios. 
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The physical feel of the elongation of Mylar polyester 
film when stretched by hand is a problem of concern. Actual 
test data (Fig. 7) show that the mechanical strength of 1-mil 
Mylar polyester film at the point of nonreturnable elonga- 
tion is approximately the equivalent of 1.5-mil cellulose ace- 
tate. Users stretching the products at arm’s length apply 
stresses about five to ten times normal recording machine 
stresses, and therefore the total elongation of the base is more 
a psychological problem than a machine operating problem. 
In actual use no difficulties have arisen in using 1-mil base 
Mylar tape on standard machines. Any machine which 
operates satisfactorily with standard acetate base tape will 
handle 1-mil Mylar base tape. 

Elongation of the 1-mil polyester film under 3 hours’ 
tension of 2 lb on %-in. tape is 0.3% compared to 0.6% 
for the 1.5-mil acetate. 

Since the 1-mil Mylar polyester film is more flexible than 
the 1.5-mil acetate base, immediate improvement in hf re- 
sponse and uniformity will be noted on some equipment 
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where operating tensions are light. This difference will 
come increasingly apparent on storage because of the lack 
aging curl on the Mylar polyester film product. 

In summation, Mylar polyester film appears to be an idé 
support for the new professional tape formulation. Prac 
cally limitless storage stability is assured by the combi 
tion of plasticizer-free base and stable oxide binder materia 
The greatly improved dimensional stability means that f 
the first time on conventional equipment users can depend 4 
program timing to a degree which should open many n 
uses for magnetic tape products. Problems of curl a 
storage deformation will disappear when the new tape ba 
is used. 

The electrical advantages of improved distortion, for equ 
or greater output, improved dc noise, hf response, a 
Micropolishing of the more compact, thinner coating are q 
real value in serious recording work. The use of bias-setti 
tapes to control studio uniformity is expected to be ve 
helpful to all studio engineers. 
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Constant-Current Operation of Power Amplifiers 


Howarp T. Stertinc,* Waveforms, Inc., New York, New York 
AND 
Aan Sopet,t Freed Radio Corporation, New York, New York 


A new technique of class A amplifier operation is described wherein change of plate current with 


signal is negligible. 
cathode bias. 
A:) and provision for automatic self-balancing of 


Performance is not impaired by poor power-supply regulation or use of 
A new amplifier is discussed, featuring operation into the grid-current region (class 


power tubes. 


ANY discussion of the relative merits of amplifers, or 
amplifier designs, it is necessary to decide on the charac- 
teristics of importance and to establish standards of com- 
parison. In the past, undue emphasis has been placed on 
certain electrical characteristics which are really of relatively 
little importance to overall performance of the amplifier. 
A popular example is the question of efficiency of the out- 
put stage. This is usually considered without regard either 
to the increased cost of a “high-efficiency” system’s output 
stage components and power supply or to the generally 
shorter life of the tubes used in such output stages. On a 
power vs cost basis, it makes little difference whether a 60-w 
amplifier consumes 175 w of line power or 135 w. The cost 
of power over a year’s operation is still trivial. ; 
There are many other details which distinguish one design 
from another. In the last analysis, though, these features 
should be considered only in their relation to the overall 


* President. 
+ Project Electronic Engineer. 


operation of the amplifier as a whole, and in relation to thé 
job it has to do. Mere efficiency, or trick circuitry, is no 
important, unless it contributes to the amplifier’s utility. 

Although there are a number of specific characteristic: 
on which comparison may be based, they may be groupec 
into three principal categories: 

1. Performance. 

2. Applicability or flexibility. 

3. Long-term reliability. 

The first of these categories, performance, includes th 
host of electrical characteristics so dear to the purist and 
the advertising copywriter: distortion, both harmonic anc 
intermodulation, not to mention difference tone; damping 
factor; frequency response; transient response; power capa- 
bility as a function of frequency; and so on. 

The second category, applicability or flexibility, involves 
the mechanical and electrical suitability of the design for 
a given problem, and its adaptability to other similar prob- 
lems. 


This includes such factors as size, weight, mounting} 


= 
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ilities, cost, auxiliary apparatus required, and general 
hvenience. 


he third category, reliability over a period of time, is 
lly an aspect of applicability. It is important enough to 
discussed separately, despite the fact that it is not specif- 
lly considered in most amplifier designs. It embraces 
th questions as: How often is inspection required? How 
quently do tubes have to be tested or rebalanced? How 
tg can the amplifier be expected to perform satisfactorily 
hout skilled maintenance? Obviously these factors are 
substantial importance in any application. 


[ost engineers will agree that in the present state of the 
all good amplifiers sound alike. In fact, that statement 
ght well be taken as a definition of the performance of a 
0d” amplifier—an amplifier is “good” when it contributes 
audible distortion to the reproduction. Once this point 
Ss been reached—and this implies, of course, that the 
tortion is so low that it is undetectible either as distortion 
as “listener fatigue’—further improvement will not result 
more pleasing sound, however impressive the engineering 
somplishment may be. 


In attempting to design a better amplifier today, then, 
mere seems to be little point in striving for frequency re- 
Memonse flat up into the broadcast band, distortions less than 
e-tenth of one per cent, or damping factors of several 
ndred, although these are not unduly difficult to achieve. 
seems much more to the point to concentrate on the three 
ain categories outlined above: performance fully abreast 
the present stage of the art, but combined with applica- 
lity, convenience, and, especially important, long-term 
rformance and reliability! 

Any additional features which do not contribute to the 
nctional performance of the amplifier are superfluous and 
eless, except, perhaps, as sales material. 


Amplifier operation is usually critically dependent upon 
be characteristics. The performance of an otherwise excel- 
mt amplifier can be ruined by an unbalance in output tubes, 

by a tube which is gassy. This, of course, is unsatis- 
ctory in terms of reliability. 


One of the purposes of this paper is to discuss a new 
mplifier design which is substantially independent of varia- 
ms in tube characteristics which would render most ampli- 
srs inoperative. Among the interrelated features of this 
‘sign are constant-current operation, which in turn makes 
yssible automatic bias control for self-balance and mini- 
izes the problems of plate-supply regulation; direct-coupled 
thode-follower drivers which effectively eliminate grid- 
irrent problems and make possible operation well into the 
ysitive-grid region; balanced feedback, to eliminate the 
ifferential phase shifts that usually occur when the phase 
verter is included in the loop; and a separate feedback 
hase inverter independent of the basic amplifier circuit. 


OPTIMUM AND CONSTANT-CURRENT OPERATION 


It is not generally recognized that there are two funda- 
mental types of amplifier operation. For lack of better 
terminology, we shall refer to them as optimum and constant 
current, 

Optimum operation is defined as the classic, or textbook, 
form of class A operation, where the plate-to-plate load obeys 
the familiar relationship R;, = 4r, (for triodes). Optimum 
operation will provide the greatest output that can be ob- 
tained with given tubes and operating conditions, provided 
that these operating conditions do not change with signal. 
In practice, there is usually a sharp increase in dc plate 
current at maximum signal, so that extremely good power- 
supply regulation is required in order to maintain operating 
voltages truly constant. Since this is generally not practi- 
cal, the conditions for optimum operation are rarely fully 
realized. 

On the other hand, constant-current operation, as the 
name implies, is characterized by little or no change in dc 
plate current as “ie signal goes from zero to maximum. This 
condition may be obtained by proper proportioning of load 
resistance and supply voltage. With constant-current opera- 
tion the variation in power-supply loading will be negligible, 
and the operating point will remain substantially constant 
no matter how poor the regulation of the supply may be. 

Another aspect of class A operation which is frequently 
overlooked is the fact that it is entirely permissible to drive 
the grids of the output tubes positive if the driver stage 
is capable of supplying the requisite power. Class A» opera- 
tion is as truly class A as is class A;: the plate current does 
not go to zero at any point in the cycle. Such tetrodes as the 
807, the 5881, and the KT-66 are particularly well-suited to 
triode-connected class A» operation, since they maintain 
their linear characteristics well up into the positive-grid 
region. This additional power capability is completely 
wasted in an amplifier of the Williamson type, though, be- 
cause of clipping due to grid conduction; the driver imped- 
ance is far too high to permit this type of operation. 

Figure 1 shows typical operating conditions for triode- 
connected 807’s. Load lines are shown for both optimum 
(2,500 ohms) and constant-current (12,000 ohms) condi- 
tions. The solid line indicates class A; operation in each 
case, i.e., signal swing up to the grid-current point. Class 
As operation is indicated by the continuation of the load 
lines up to the -++-15-v grid line. This additional swing repre- 
sents an increase of about 3 db—a factor of 2 in power. 

The basic difference between constant-current and opti- 
mum operation can be readily seen from these curves. The 
quiescent operating point is shown, as well as the peak plate- 
current point for each type of operation. For optimum 
operation the peak current is some five times the quiescent 
current, and the dc plate current at maximum signal will 
be almost twice that for no signal. For constant-current 
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Fig. 1. Typical characteristies for triode-connected 807’s. Load lines are shown for optimum 


and constant-current operation, both A, and A). 


operation the peak current is much less, and the total change 
in plate current can be held to well under 10%. 

It should be noted that constant-current operation is not 
usually feasible for pentodes or tetrodes. Of course, it is, 
by definition, impossible for class B or class AB operation. 

The power output and the plate efficiencies for the operat- 
ing conditions shown in Fig. 1 are tabulated in Table I. 
From these figures it can be seen that there is a loss in power 
of about 40% when going from optimum to constant-cur- 
rent operation. It should be noted, however, that the figures 
for optimum operation can be fully realized only in a system 
incorporating fixed bias and an electronically regulated 
plate supply. The conventional choke-input power supply 
may have an effective internal resistance of several hundred 
ohms. With the increase of plate current with signal which 
is typical of optimum operation, the resulting drop in supply 


TABLE I 


Power output, Efficiency, 
watts % 


Optimum, 2,500 ohms, 14.5 39 
P-P 30 65 
Constant eurrent, 8.5 30 
12,000 ohms, P-P 18 62 


voltage would cut these output power figures by 20% 
that the actual difference is not too significant. It is J 
particular interest to note that for Az operation the efficien 
figures are not only relatively high but remarkably simi 
for the two types of operation. 

Most amplifier operation falls somewhere between t 
extremes of optimum and constant-current and so suffé 
the disadvantages of both. The difficulty, of course, lies 
the change of operating point with signal. 


The “typical operating conditions” listed in the tu ar 


manuals generally represent an attempt to make a reasonal 
compromise. The figures for fixed-bias operation usua 
indicate a higher than optimum plate-to-plate load in t 
interests of reducing the plate-current rise and making 
practical to use conventional power supplies. 

The figures for cathode bias represent a comprom 
between output power and shift of operating point. T 
problem here lies partly in the reduction of plate volta 
with increase of current but results principally from t 
shift in bias as the voltage drop in the cathode resist 
changes. It is with the purpose of reducing the effeci 
plate-current change that the data given for cathode-bias 
operation usually calls for higher values of plate-to-ple 
load resistance. 
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By carrying this trend to its logical conclusion, i.e., accept- 
y the loss in power output and increasing the load until 
pb change in plate current is negligible, the operating point 
l remain effectively unchanged and we will have constant- 
rrent operation. This condition has been arrived at 
pirically in a number of the so-called Williamson designs; 
p operation indicated here for class A, constant-current 
eration may be seen to be typical. For some reason, how- 
er, the principle of constant-current operation, per se, does 
t appear to have been previously discussed. 


AMPLIFIER DESIGN FEATURES 


One of the most serious and most neglected problems in 
nventional amplifier designs is that of grid current. There 
2 three principal types of grid current which must be con- 
lered in a power amplifier: 
1. Emission current, either directly from the grid because 
high grid temperature, or as secondary emission due to 
bmbardment by electrons from the cathode. 
2. Gas current, resulting from positive ions in the tube. 
3. Grid conduction, occurring when the signal is large 
ough to drive the grid positive with respect to the cathode, 
that electrons actually are collected by the grid. 
Gas current and emission current may result from im- 
oper operation, tube defects, or tube aging. These cur- 
nts are of such a nature as to develop a positive voltage 
fross any resistance appearing in the grid circuit. Such 
voltage will reduce the effective bias on the tube, causing 
gher plate current, which in turn causes higher grid current. 


PHASE INVERTER AMPLIFIER 


12 AX7 6AK6'S 12 AX7 6AK6'S 
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The vicious circle thus established will generally bring the 
career of the fube to an abrupt and untimely end. 

The obvious cure, or at least palliative, for this trouble 
is to keep the dc resistance in the grid circuit at an absolute 
minimum. 

The third form, grid conduction, is thoroughly familiar 
and can be very serious in its effects. When a conventional 
amplifier is overdriven and the grid goes positive, the grid- 
to-cathode conductance effectively shorts the driving circuit, 
causing clipping of the signal peaks. In addition, the cou- 
pling condensers will charge through the grid conductance, 
and the resulting temporary increase in bias may be suffi- 
cient to cause blocking of the power amplifier and possible 
motorboating, depending upon the common plate-supply 
impedance. 

Since we wish to operate well into the grid-current region 
in the amplifier under discussion, the source of driving 
voltage must offer very low resistance. Cathode followers, 
with careful choice of operating conditions, fulfill this re- 
quirement very nicely. 

Figure 2 shows the basic circuit of the amplifier. Push- 
pull parallel 5881’s are used, with the screens connected 
for ultra-linear operation. The toroidal output transformer 
provides a suitable winding configuration for the required 
impedance relationships. 

The cathode-follower drivers are conventional, except in 
the choice of high-perveance tubes and low operating volt- 
ages. These drivers are called upon to deliver a peak 
current of the order of 40 ma. (As an example, in Fig. 1 


DRIVER POWER AMPLIFIER 
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+150 
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Fig. 2. Basie cireuit of amplifier described in the text. 
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the grid-current characteristic for comstant-current opera- 
tion of 807’s is shown. The peak grid current of 20 ma 
at +15 v represents an equivalent shunt resistance of about 
750 ohms.) Under these conditions the path of plate- 
current flow is through the driver tube from the -+-150-v 
point, and then through the grid-cathode path of the power 
tubes to ground. This calls for fairly good regulation of 
the +150-v line. 

The cathode impedance of the drivers must be low, par- 
ticularly in the region where the 5881’s draw current. Ordin- 
ary triodes, operated with normal plate voltages, will be 
working at a point near cutoff where the transconductance 
is relatively low. 12B4’s may be operating at reasonable 
quiescent current in such a way that the transconductance 
rises sharply at the point where it is needed. The peak 
current capability of the 12B4’s is about 100 ma, more 
than twice the 40 ma required. The driver impedance is 
lowered still further, and distortion in the voltage amplifiers 
minimized, by feedback taken to the 12AX7 cathodes. 

Another serious problem encountered when considering 
long-term operation is that of plate-current balance. Reason- 
able balance of the tubes in a push-pull amplifier must be 
maintained in order to prevent saturation of the output 
transformer. The usual solution is to provide balancing 
controls, on the assumption that the plate current of the 
power tubes will be checked and adjusted periodically, or 
when replacements are made. 


All too often, however, an amplifier is installed and then 
expected to operate for months or years unattended, and 
when tube replacements are made it is by the nontechnical 


owner. Under such conditions, bias controls may actually 
do more harm than good. 

In this amplifier design it was felt that some foolproof 
automatic bias control must be used which would obviate 
the manual bias adjustment and eliminate the need for 
periodic checking. The method used is as simple as it is 
effective. By introducing individually bypassed 1,000-ohm 
resistors in the cathode circuit of eech power tube, a degree 
of de degeneration is achieved that effectively minimizes any 
unbalance and maintains proper operating current through- 
out the life of the tube. 

The nature of this degeneration is such as to reduce any 
departure from normal current by about 80%. For example, 
with a tube in which the plate current would otherwise be 
high or low by 20 ma, this form of automatic bias control 
will reduce the error to 4 ma, or a total unbalance of about 
4%. For tubes more nearly normal this error will be re- 
duced still further. 

It should be noted that this technique of bias control can 
be used only with constant-current operation. The variation 
of plate current with signal which is typical of conventional 
operation, and particularly of high-efficiency systems, would 
result in such a shift in operating conditions as to seriously 


limit performance. Actually, the fact that it makes poss 
this method of automatic bias control is one of the strong 
arguments for constant-current operation. 


The last voltage amplifier stage (preceding the 12 
cathode followers) uses 6AK6’s triode-connected. T 
little-used tubes are excellent for many audio applicatiagy 
Hum, noise, and microphonics are extremely low, and t 
are surprisingly linear, both as triodes and as pentodes. 
this application they are used as low-mu triodes; they 
more linear than any of the miniature dual triodes and d 
only half the heater current (150 ma per tube). 


The input stage for the basic amplifier is a 12AX7. 
anced feedback is taken from the voice coil through 
cathode bias resistors to the cathodes, and feedback is ¢ 
brought from the driver cathodes. Although not shown 
the circuit, additional feedback may be brought from 
plates of the output tubes in order to reduce the ampli 
impedance as seen by the transformer and further red 
the If distortion. Although some phasing (also not sho 
is used in these feedback paths, use of feedback over a t 
anced system eliminates the problem of differential ph 
shifts encountered when the phase inverter is included wit 
the feedback loop. 

About 30 db of feedback is used over the power amplifi 
in addition to some 10 db from the drivers. This provide 
damping factor of over 100. 

The input voltage required to drive the basic amplifier 
50 w will be of the order of 30 v grid-to-grid. This is eas 
supplied by a phase inverter using cascaded long-tai 
pairs, with feedback from the output plates to the ing 
cathodes. The net gain of this arrangement is such as 
give a sensitivity of about 1 v at the amplifier input, althou 
this can be adjusted by changing the feedback in the phd 
inverter. The off grid is shown grounded for signal, bu 
may be used if balanced operation is ever required. 
octal socket is provided in the input circuit so that t 
may be done without necessitating wiring changes in @ 
amplifier. Alternatively, a plug-in preamplifier, an iny 
transformer, or some other network may be plugged into 
socket, or a jumper plug may be used to tie the input cq 
nector directly to the first stage, as shown in Fig. 2. 

This type of phase inverter represents a definite impro¥ 
ment in reliability over the direct-coupled cathodyne 
rangement in general use today. In the direct-coupled cq 
figuration the operating points are interdependent, and w 
tube aging the phase inverter grid may be carried positi 
resulting in serious distortion. With the balanced systd 
shown here, wide variations in individual tube characteristi 
will have little or no effect on distortion or balance. 

Figure 3 shows a photograph of the completed amplifig 
The toroidal output transformer is at the center of tf 
chassis to the rear. The tube lineup reads from right to lef 
tube shields are painted black to improve heat radiation frq 
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Fig. 3. Photograph of amplifier. 


the miniature tubes. The two tubes toward the rear in the 
photograph are a 12B4 used as a cathode follower, for de- 
coupling in the plate supply, and an Amperite time-delay 
relay. A simple condenser-input filter is used, since regula- 
tion is not a problem, and this relay keeps high voltage off 
the input condenser until the tubes are drawing current. 

Physically, the amplifier is relatively small considering 
its performance. It will mount on a 7-in. rack panel, with 
an overall depth of 11 in. All tubes are readily accessible 
from the rear, and all electrolytic condensers are plug-in for 
ready replacement, should this prove necessary. 

To summarize, then, this design incorporates features 
which, in recent years, have been shown to be desirable, as 
well as a number of refinements which are new. The circuit 
is in general similar to the popular Williamson, with improve- 


ments in the phase inverter and the addition of cathode- 


follower drivers for class A» operation. The ultra-linear 
configuration satisfactorily combines the advantages of 
triodes and tetrodes, and with A» operation provides more 
than adequate power output. Constant-current operation 
permits the use of automatic bias control for self-balancing. 

All in all, this amplifier was designed not only for highest 
quality performance but specifically to maintain that per- 
formance in spite of tube variations and without requiring 
periodic adjustment. 
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A New Pocket Wire Recorder 


Ottver Reap* 
Radio and Television News and Radio-Electronic Engineering, New York, New York 


The mechanical and the electrical components of the German-made Minifon are discussed in 
detail. The use of subminiature electronic components and watchmakers’ techniques have resulted 
in a commercial 2 Ib. 7 oz. battery-operated pocket magnetic wire recorder measuring but 134 X 
43% X 65 in. Included are all essential components for record, playback, rewind, and erase. 


1. INTRODUCTION 

E GREAT American inventor Thomas Edison, back 
in 1877, stumbled across what was to become the first 
recording and reproducing system. Edison used an acous- 
tical method for recording and reproducing sound on a wax 
roll. Commercial use was not found for this invention until 
several years later when the Ediphone, a business dictating 
machine, was developed. Correspondence and other intelli- 
gence could be recorded on this unit and later transcribed 
from the wax cylinders. The early models utilized cylinders 
which could be used only once, but later ones were developed 
with a very thick coating of wax so that previous sounds 
could be scraped from the surface and the new surface reused. 
The record industry had its origin with Leon Scott’s 
Phonautograph. This was not a practical means for record- 
ing or reproducing sound, as about all this machine could do 

was to trace grooves in lampblack. 


The granddaddy of the present Dictaphone machines was 
invented by Alexander Graham Bell and two associates in 


1881. His machine employed a heavy metal casting to 
which was mounted a heavy steel rod, part of which acted 
as a “feed screw” to move the acoustical diaphragm in a 
horizontal plane. A wax-coated cylinder was mounted to 
the shaft, which in Bell’s invention was hand-driven by a 
crank. 

Later in 1885 the Volta Laboratories, controlled by Alex- 
ander Graham Bell, began filing new patents to make the 
invention commercially successful. The American Gramo- 
phone Company was organized in order to serve a market 
for these machines. Edison then began to exploit his 
machine commercially. 

Emil Berliner then came into the picture, and to him goes 
the credit for the records and phonographs we use today. 
Berliner devised a means for recording on and reproducing 
sound from a flat disc. Furthermore, he developed a means 
for pressing (making copies of) records from a master rather 
than taking a chance of ruining the original disc, as was done 
by Edison and Volta. Berliner later became connected with 
a Camden machinist by the name of Eldridge Johnson. 
Johnson contributed many improvements to the original 
Berliner machine.* 


* Editor. 


During the period when Berliner was experimenting and 
producing his first commercial shellac records, Valdemar 
Poulsen was engaged in the development of magnetically 
recording sound on a steel wire. Many referred to Poulsen 
as the “Danish Edison.” It was Poulsen’s idea that sound 
could be recorded on steel wire by varying the magnetization 
process. Oberlin Smith, back in the year 1888, in an article 
in Electrical World suggested the possibility of permanent 
magnetic impressions of recorded sound on cotton or silk 
thread in which steel dust or short clippings of fine wire were * 
suspended.” But Smith never built such an instrument. It 
was doubtful, however, that Poulsen was aware that anyone 
else shared his own ideas. To this “Danish Edison” by the 
name of Poulsen must go full credit for the original idea 
which has resulted, many years later, in the development 
of the diminutive Minifon wire recorder (Fig. 1) to be’ 
described herein. 


2. MECHANICAL COMPONENTS 

Early magnetic wire recorders designed for commercial 
production employed spools of varying widths, hubs, and 
flange diameters, and generally contained enough stainless 
steel wire for approximately an hour’s recording. Repre- 
sentative spools are illustrated in Fig. 2. The first recording 
wire used on the original Telegraphone machine was drawn 
to a diameter of 0.01 in. and was propelled at about 7 ft/sec. 
Most of the earlier machines did not follow any particular 
standards as to the rate of speed travel for the wire. In 
recent years, however, a standard of 24 ips has been adopted. 
Stainless steel wire for recording purposes is now from 
0.0036 to 0.004 in. in diameter. 

By comparison, the wire used with the Minifon measures 
0.05 mm or 0.002 in. in diameter. The wire speed is ap- 
proximately 30 cm or 11.8 ips, which is approximately half 
the speed employed by the American machines. 

The standard wire supply spool used on the Minifon has a 
flange diameter of 134 in. with a hub diameter of approxi- 
mately 1% in. This extremely fine wire is level-wound to 
slightly more than 4 in. on the spool. Up to 2% hours may 
be recorded on a single Minifon spool. 


10. Read, The Recording and Reproduction of Sound, 2nd ed., 
p. 11. 
2S. J. Begun, Magnetic Recording, p. 2. 
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Fig. 1. The Minifon measures but 454 & 7 XK 2 in. when econ- 
tained in its soft leather zippered ease. Crystal diaphragm micro- 
phone and stethoscope-type earphones are packaged with each 
recorder. 


Fig. 2. The 1%-in. Minifon supply spool holds sufficient 2-mil 
wire for 2% hours of continuous recording. Domestic 1-hour spools 
range up to 3%4 in. by comparison. 


The take-up spool, Fig. 3, is dynamically balanced so that 
it may also serve as a flywheel in the forward direction. 
Weighing approximately 51% oz, it has a flange diameter of 
less than 33¢ in. and a hub diameter of approximately 234 
in. Because the Minifon may be operated in any position, 
a locking hub screw is provided on the supply spool together 
with a guide pin to prevent slippage. 

The record-playback head, Fig. 3, has the same diameter 
as a fifty-cent piece. Level-wind is provided by a heart- 
shaped cam located beneath the subassembly. A permanent- 
magnet erase head pivots to come in direct contact with the 
wire for erasure. A mechanical guide is provided to direct 
the wire to the magnetic gap. The erase head swings clear 
when not in use. The remaining components, shown in 
Fig. 4, include the miniature permanent-magnet dc motor 
and its helically wound spring drive belt. Physically, the 
motor is about the diameter of an average individual’s thumb, 


with an overall length of less than 2% in. including shaft 
and governor. 


Fic. 3. Removal of the plastic cover exposes the balanced take-up 
spool, the supply spool, and the motor and amplifier batteries. 
Permanent-magnet erase head is seen in upper left corner. 


Fig. 4. The mechanical assembly is shock-mounted in the plastic 
case by means of soft rubber grommets and screws. 
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Fic. 5. Underside of the drive mechanism shows 9-v permanent- 
magnet motor and its tiny governor (bottom left). The protruding 
rod (center right) actuates the gear change. 


The underside of the mechanical chassis, Fig. 5, shows the 
ingenious assembly of the mechanical components and the 
precision workmanship required in this type of miniature 
equipment. 

The two fiat spring brushes, visible on the motor shaft in 
the lower left-hand corner of the illustration, represent the 
contacts to the electrical governor. Their action will be 
described in later paragraphs. The motor is coupled to the 
drive mechanism by a helically wound spring-type belt ter- 
minating around a bakelite pulley on the drive shaft of the 
transport mechanism. The step-down ratio is approximately 
5:1. In the forward (slow) speed, a worm on the drive 
shaft engages a gear which directly drives the take-up spool. 
At the same time, excessive drag is removed from the supply 
spool by means of a lever-actuated, spring-loaded, felt- 
padded brake. Because all gears are disengaged from the 
drive shaft worm, they will normally maintain just enough 
frictional tension on the supply spool to keep the wire taut. 
The control shaft protruding from the center right, Fig. 5, 
terminates to a control knob mounted flush with the outside 
of the plastic case. It is pulled out to engage the mechanism 
for rewind. 

This clutch-like action transfers the worm on the drive 
shaft to a separate set of gears to drive the supply spool in 
its reverse direction with a step-up to a rewind speed of about 
1:3. A brake is momentarily applied to the take-up spool 


whenever the clutch is actuated to prevent wire slippage or 
breakage. During rewind, increased tension is automatically 
applied to serve as a drag to the take-up spool. 

The cam, Fig. 6, which actuates the recording head 
through its up-and-down level-wind motion, operates 
through a series of worms and gears to the drive shaft. 

When the wire has completed its rewind, the mechanism 
will automatically stop because of the drag of the wire which 
is securely fastened to the supply spool. A generous leader 
at the end of the wire makes for easy attachment to the 
spool and prevents breakage when the wire is under stress 
from the drag of the motor. Current still remains in the 
drive motor, which is stalled by the overload created by the 
stoppage of the supply spool. It is necessary, then, to return 
the motor-filament control switch to its off position to pre- 
vent motor heating and excessive battery drain. 

The control switch, Fig. 7, extends all the way down inside 
the case, one pair of contacts serving to control the motor, 
and a separate pair on the amplifier assembly for the control 
of filaments. A small receptacle is provided to connect an 
external selenium rectifier power supply. This delivers 9 v 
direct current and is paralleled with the mercury cells for 
home use or for rewind to conserve the motor batteries. 
Nine Mallory mercury cells are held in the plastic container 
under spring tension in the bottom of the case. The 142-v 
Penlite cell and the 30-v hearing-aid B battery are likewise 
held under spring tension within their molded compartments. 


3. ELECTRONIC COMPONENTS 


An ingenious transfer switch has been devised for the 
Minifon which serves to transfer the amplifier circuits from 
record to playback when miniature phone plugs of different 
length are inserted. The action of this switch will be ex- 
plained later. A tiny gain control, approximately 34 in. in 
diameter, may be seen next to the output transformer. It is 
accessible even when the zipper carrying case is used to con- 


Fig. 6. The record-reproduce head is driven by a heart-shaped 
eam working against a flat spring. 
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Fic. 7. The filament switch, on the amplifier subassembly, and 
the motor supply switch are ganged by a flat bakelite strip. Each 
battery is held in a molded compartment by contact springs. 
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Fic. 8. The two plastic rods extending from the special jack 
actuate the transfer switches for playback when the long phone 
plug is inserted. 


tain the instrument. By unsoldering five connections, the 
entire amplifier may be removed for inspection and serviced 
as required, Fig. 8. The construction of the amplifier follows 
somewhat conventional hearing-aid practice. Using all sub- 
miniature components, Fig. 9, each with adequate safety 
factor, and with every component easily accessible, the 
problem of servicing becomes very simple. In spite of the 
compact circuitry, every connection is exposed and may be 
touched with a test prod. The combined thickness of the 


entire amplifier is less than 54 in., even though no printed 
circuitry is employed. Complete shielding is provided in the 
form of copper foil cemented to the inside of the plastic 
case. Tube leads are soldered directly to small eyelets. 


4. CIRCUITRY 
The amplifier employs two Philips-type DF67 high-gain 
pentodes and a Philips DL67 output pentode in a conven- 
tional resistance-coupled amplifier, Fig. 10. These are 
similar to our Raytheon CK series. Fixed bias is applied 
to the output tube grid through the return leg of the volume 
control to B—. A 5,000-ohm resistor to the negative ground 


circuit provides the necessary voltage drop. The single 30-v 
hearing-aid type B battery and a 1'4-v Penlite cell furnish 
complete power to the amplifier. 
the DF67’s. 

As mentioned previously, there is a unique jack system 
(which could more properly be referred to as a series con- 


Contact bias is used on 


wn te 


Fig. 9. The three-stage Minifon all-pentode amplifier. Com- 
ponents (left to right) include filament switch, record-reproduce 
jack, volume control, and output transformer. 
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Fic. 10. Schematic of the Minifon amplifier. Detailed action of 
the special jack switch is shown by the inserts. 
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tactor) which is used to transfer the circuits from record to 
playback. The jack assembly consists of a molded receptacle 
in which five spring contacts are secured. The crystal dia- 
phragm type of microphone (which is standard equipment 
for the Minifon) employs a conventional phone plug of 
miniature dimensions. The length of the contact area of the 
sleeve plus the tip contact is such that when inserted into the 
special jack it will first complete the circuit from the filament 
supply to negative ground. This insures that the filaments 
will be off when either microphone or headphone plugs are 
removed for erasing but will still permit operation of the 
drive motor. The tip of the microphone plug engages the 
third contact which feeds the output voltage from the micro- 
phone through a pre-equalizer resistance network to the 
grid of the input tube. 

The record-reproduce head receives its signal voltage from 
the plate of the output tube with one side connected directly 
to the screen. The resulting plate current passing through 
the head provides the necessary dc bias component for 
recording. 

A similar plug is provided for the stethoscope-type ear- 
phones except that the sleeve length of this plug has been 
extended and, when inserted, picks up additional spring 
contacts. Two bakelite rods become actuated when the long 
plug is inserted into the jack. These rods connect to the 
two changeover switches for playback. 

The head, in the playback position, feeds its signal through 
a post equalizer consisting of an 8-meg resistor shunted by 
a 50-ypf condenser. The input grid is loaded with the 
2-meg resistor. The switching mechanism also transfers the 
plate of the output tube to the primary of the transformer, 
the secondary of which feeds the low-impedance headset or 
an external amplifier. Care has been exercised in the design 
of the plate circuits because of the high gain afforded by 
the use of the three pentodes. Suitable decoupling networks 
provide the necessary isolation. 

The on-off switch controls both the filaments to the am- 


plifier tubes and the 9-v dc motor. Motor hash and brush 
noise are effectively suppressed with two miniature rf chokes 
and with suitable bypassing. A governor, in series with the 
battery supply, is provided with a pair of tiny contacts which 
open from the centrifugal force of a small weight when the 
motor speed becomes excessive. The sparking hash is sup- 
pressed with a suitable bypass condenser across the contacts. 


5. CONCLUSION 


The successful design and production of a complete wire 
recorder of such small dimensions and which will give 
reliable service depends upon many factors, a few of which 
have been discussed in this paper. Ever since the advent 
of magnetic recording there has been a steady clamor for an 
ultra-compact device meeting the requirements for a highly 
portable instrument entirely self-operated and capable of 
continuous recording of long duration. It is a fact that in 
the past a few attempts have been made to produce similar 
compact devices, but these were never perfected to the point 
where they were produced commercially. After field-testing 
this device for many days, I am convinced that it does possess 
almost unlimited possibilities in varied fields of communica- 
tions, commerce, medicine, and intelligence. Because of its 
diminutive size, it is ideally suited for street interviews, for 
dictation out in the field, and for the gathering of realistic 
sound effects. The author believes that further development 
of the Minifon will include printed circuitry, tone control, 
automatic gain control, and a counter to indicate time and 
footage. Thus we conclude that the equipment as herein 
described meets the requirements for which it is designed. 
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Musical Therapy 


R. L. Carpretr 


In recent years a great deal of attention has been given to musical therapy, which seems to be 


surrounded with a certain aura of glamor. 


This paper attempts to differentiate the various activi- 


ties conducted under the blanket topic of musical therapy. In addition to discussing several specific 
examples, the attempt is made to show where the audio engineer fits into the picture. 


HE SUBJECT of this paper-——musical therapy—may 

seem at first inappropriate for engineers. In recent 
years, however, it has received an increasing amount of 
notice in the popular press; and although an engineer may 
make no pretensions about being a physician or a musician, 
he is expected to know all the answers. Audio engineers 
deal with sound, and musical therapy is based on sound, so 
the audio engineer has a definite place in the field of musical 
therapy. 

This paper is not intended to cover the subject of musical 
therapy. At best it can only give a rough survey of funda- 
mental principles. After all, there are now listed in the 
catalogues of several colleges full courses in musical therapy, 
including internship in a hospital or mental institution. If 
this discussion stimulates investigation of other sources of 
information, it will have served its purpose. 

Let us begin by going back into past history. According 
to Homer, in Book 19 of the Odyssey, when Ulysses received 
a knee injury during a boar hunt on Parnassus, the “chanting 
of mystic lays” was employed as an element in the cure. 
And the Bible tells us in 1 Samuel: “It came to pass when 
the evil spirit from God was upon Saul, that David took 
an harp and played with his hand so Saul was refreshed 
and the evil spirit departed from him.” 

As evidenced by these quotations from ancient epic verse 
and Holy Writ, music has had a place in healing (at least for 
trauma and psychoneuroses) for a long time. Ever since 
those days people have, from time to time, tried to associate 
the art of. music with the art of healing. During the latter 
part of World War II and continuing up to the present 
moment, the increasing use of music in hospitals and as an 
aid in the treatment of the sick has been notable. 

There are several reasons for this. First, it was known 
that musical stimuli produce certain physiological and psy- 
chological reactions. There has always been the hope that 
the ancient and modern witch doctor's really had something 
which, if properly analyzed, could be scientifically applied 
to modern medicine and could help reduce the load of our 
overcrowded hospitals. This will be discussed a little later. 
Next, music contributed materially to the war effort through 
special programs in factories, increasing production in many 
instances by reducing fatigue and boredom and, in general, 
by acting as a stimulus to morale. 


Finally, there is a certain amount of pressure and interest 
by musicians and music educators who foresee a new field 
of job opportunities apart from the highly competitive and 
relatively limited world of professional music. 

The result has been a great deal of scattered, unrelated 
activity, some of a truly scientific nature, some far from it, 
though purporting to be. Leadership has been assumed not 
only by the true scientist who approaches the problem with 
respect, but also by the prima donna who claims to have 
discovered all the answers under a pretence of “scientific” 
research. Over the whole problem has been thrown an 
esoteric blanket of glamor, sex appeal, and patriotic motive 
called “musical therapy.” 

Music remains an art form, despite the efforts of many 
people to explain it on a purely acoustical basis. Psychology 
is presumably a science, but there is much disagreement 
between various schools of thought. Even the science of 
medicine is far from being precise. The most exact of all 
sciences are mathematics and physics; and, among their 
practitioners, the people with their feet closest to the ground 
are engineers. In engineering high-sounding words of vague 
or variable meaning are avoided. 

Therefore, let us begin our examination of musical therapy 
by an investigation of the term itself. According to the 
dictionary, therapy is defined as “that part of medical sci- 
ence which treats of the discovery and application of remedies 
for diseases.”” A remedy is “that which relieves or cures a 
disease; any healing medicine or application.” Therefore 
a “remedy” that fails to relieve or cure is not a remedy, 
and its application should not be considered a therapy. Yet, 
a certain doctor who is very interested in this field of 
musical activity uses the term “therapy” to include any 
measures tried in the process of healing, whether effective or 
no. Therefore, he was using musical therapy even though 
he had no substantial proof that the music was specifically 
responsible for any healing. 

Here, then, is one area in which a difference of opinion 
exists among those engaged in these musico-medical activi- 
ties. There is a similar area in the use of the word “musi- 
cal.” Consider a hypothetical question: If a noted euter- 
tainer—say Bing Crosby—sings for the invalids of a vet- 
erans’ hospital, is it musical therapy or is it recreational 
therapy? 
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With a subject that is so ill-defined, it is small wonder 
that confusion exists and that progress is slow. The various 
groups and individuals conducting separate projects have 
been unable, and sometimes unwilling, to cooperate on aims 
and methods. 

It was previously mentioned that musical stimuli produce 
certain physiological and psychological reactions. To cite 
just a few, music was found to have an effect on: 

. Metabolism. 

. Muscular energy. 

. Breathing rate. 

. Blood volume, pulse, and blood pressure. 

. The threshold for sensory perception of stimuli of 
different modes. 

. Muscular endurance. 

7. Voluntary activities, such as writing or typing. 

These and other findings constitute the cornerstone on 
which the hope of a musical therapy has been built. Most 
of these effects were found by psychologists working in clini- 
cal experiments. Psychology being an inexact science, the 
reports offer little of immediate applicable nature to any- 
thing but further psychological studies. They all suffer 
from an inadequate description of the applied stimulus— 
music. The psychologists are not to be blamed for this. 
After all, music is an art and may not be susceptible to 
complete analysis. How can one compare in measurable 
terms the difference between Toscanini’s and Bruno Walter’s 


rendition of a Brahms symphony? There are great differ- 
ences, and the music critics will enlarge upon them at length, 
but not in a way useful for scientific purposes. 

It is also a matter of record that some of these findings 
have been contested by other psychologists. This may well 
be due to the inability of the second investigator to duplicate 
exactly the conditions of the stimulus and the subject of the 


first. In any event, it has been fairly well established that 
some people definitely react to some musical stimuli physio- 
logically or psychologically. 

Let us now look at the various activities currently being 
carried on under the heading of musical therapy. First, 
there is the instance where musical talent in the form of 
singers and instrumental artists is brought in to play and 
sing for hospital patients. Is this not recreational therapy? 

Second, there is the activity wherein patients perform 
in groups or alone for the entertainment of the others. I 
believe that this should also be classed as recreational 
therapy, with perhaps a trace of occupational therapy on the 
part of the performers. 


Third, patients are given instruction on musical instru- 
ments. To me, this is occupational therapy and belongs in 
the same class with painting or weaving rugs. In one case 
a patient was taught piano in order to exercise his fingers, 
which had been injured. Surely this is occupational or 
physical therapy, yet it was proudly reported as an out- . 
standing example of musical therapy by the investigator. 


Fourth, recorded music has been successfully used in 
several institutions for relaxation purposes. For instance, 
in one hospital there are two wards of similar size filled 
with psychoneurotic patients. The amounts of drugs used 
to get the patients to sleep were fairly consistent and similar 
for the two wards. Recorded music of a relaxing nature was 
introduced into one ward, whereupon the amount of drugs 
used in that ward fell off considerably. 


Fifth, ensembles of musicians have played particular 
selections, sometimes original compositions, to patients with- 
in a certain category of illness. The success of such experi- 
menting has been quite variable. Where a significant result 
was noted, it was usually discovered later that the patient 
had a strong feeling toward the particular selection that was 
used. No conclusive evidence has been brought forward 
to show that the same music played to another patient would 
produce the identical results. 


Sixth, recorded music is being used in connection with 
anesthesia. It has been found that the proportion of anes- 
thetic gas to oxygen can be appreciably lowered if the pa- 
tient listens to quiet music through earphones. One dentist 
has performed several thousand operations involving total 
anesthesia using this technique. It has been adopted by 
the maternity department of at least one hospital and so far 
has been used in over 1,500 childbirth cases. 


There are many more activities going on, but these ex- 
amples cover the most important categories. Perhaps they 
are not all entitled to be designated as musical therapy, but 
regardless of terminology they are probably all beneficial. 
The ones which will most nearly fit a more narrow definition 
must, of necessity, be those which involve the use of re- 
corded music. Here we have absolute control of the stimu- 
lus, it can be duplicated exactly, and no side effects are 
possible from the artists’ personalities or platform manners. 
This is where the audio engineer can render a great public 
service. If enough engineers take an active interest in 
musical therapy, perhaps the movement can be given suffi- 
cient direction along scientific lines. Then we can expect 
to see great progress in the years to come. 
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Some Consideration Regarding Volume Production of Electronic Musical Instruments 


Georce H. Happen* 
Minshall-Estey Organ, Inc., Brattleboro, Vermont 


The general engineering philosophy and problems of musical tone production are contrasted with 
problems familiar to audio specialists. A commercially produced instrument is referenced, including 
a description of the electronism incorporating a novel frequency divider mechanical design featuring 
complete sectionalizing of chassis and minimizing of external harnessing. Tone color circuits and 


keying problems are also covered briefly. 


UBLIC ACCEPTANCE of electronic musical instru- 
ments, the electronic organ in particular, has shown a 
decided increase since the end of World War II. This trend 
might be considered long overdue in view of the fact that 
letters patent relating to electronic organ tone generators and 
associated circuits appeared not long after the introduction 
of the three-element vacuum tube. However, subsequent 
improvements and refinements in vacuum tubes and other 
electronic components, in conjunction with tremendous in- 
creases in amplifier and transducer efficiencies, have stimu- 
lated commercial exploitation in the past ten years. As a 
result, several makes of electronic organs have appeared on 
the market, each differing from the others with regard to 
methods of tone generation, harmonic control, and keying. 
Space will not permit description of all the various methods. 
However, these have been described elsewhere. 

The electronic organ poses certain objectives which might 
appear to be at variance with the usual objectives of the 
audio engineer or enthusiast. For example, although non- 
linearity in tone coloring or “voicing” circuits and in the 
audio system must be as scrupulously avoided as in the 
finest audio amplifiers, nonlinear circuits are employed to 
great advantage in tone generation circuits of the electronic 
organ. Furthermore, limited frequency response of the am- 
plifier is of much less importance, and indeed can be included 
in the overall design to advantage, for reasons mentioned 
later. It should be borne in mind that the function of an 
electronic organ is to produce, rather than reproduce, sound 
energy. In sound reproduction, whether it be from a “live” 
source or recorded medium, the result is highly dependent 
upon the amplifier bandwidth, as well as amplitude and fre- 
quency linearity throughout the system. The criterion in 
this case is “realism” or “naturalness” and as such represents 
a rigid and difficult standard. In contrast, the audio system 
of an electronic organ need only reproduce certain somewhat 
arbitrary “voices” or tone colors, the higher harmonics of 
which may still lie within a frequency spectrum which might 
be considered inadequate by the audio specialist in the light 
of present-day standards on wide-band reproducing systems. 
This is particularly true of lower-priced home instruments 


* Chief Engineer. 


of restricted variety and tonal facilities but which, however, 
may be capable of providing gratifying entertainment music 
of both organ and instrumental character. Another charac- 
teristic requirement of electronic musical instruments is the 
large number of basic tone generator circuits with their asso- 
ciated tubes and other components. This requirement pre- 
sents a constant challenge to the designer and production 
engineer from the viewpoint of economical and efficient pro- 
duction. This is true from a mechanical as well as electrical 
approach. Mechanical design is of tremendous importance 
in connection with playing keys, associated switches, and 
overall integration of chassis harness and registration con- 
trols, particularly with regard to assembly in the plant and 
service in the field. 


Although the electronic organ is finding a wide market in 
the home, small church, and club, and indeed competing with 
the smaller pianos, quality of materials and workmanship 
must be kept on a very high level. This high standard, along 
with suitable basic design principles, must provide reliability 
of performance to a degree already established in the past by 
most pianos and reed organs. A brief consideration of this 
point will reveal that it places a most exacting requirement 
on equipment of an electronic nature which incorporates a 
large number of vacuum tubes and associated circuits. On 
many occasions a small reed organ has been retrieved from 
the attic after twenty years or so of inactivity and, after a 
heavy deposit of dust is removed, has been found to be in 
rather satisfactory playing condition. To be sure, it is 
pitifully out of tune, but the point remains that the instru- 
ment is in a reasonably serviceable condition. Until recent 
developments in fungus- and moisture-proofing, improved 
resistor and capacitor design, and better dielectrics were 
introduced, such a possibility in connection with the com- 
plicated electronic apparatus would have been considered 
impossible. To meet such standards today is a challenge 
which demands exhaustive vigilance in quality control, im- 
provement of component parts, and close supervision of 
workmanship. In this regard one cannot help but feel a 
little cynical when it is realized that large television com- 
bination receivers employing comprehensive circuits and 
many vacuum tubes are expected iv require service to the 
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extent of $50 to $100 a year. With electronic organs, in 
spite of the fact that the purchase price of the instrument 
may be only a small percentage greater than that of the 
larger television receivers, one failure requiring a service call 
by the dealer, at no charge, provokes a rather indignant 
protest on the part of the purchaser. However, intense re- 
search on the effects of temperature, humidity, and aging is 
gradually producing designs and specifications which promise 
reliable performance not only in the temperate climes but 
also in the tropics and semi-tropics. Consequently, it is 
quite possible that the electronic organ will soon out-perform 
the piano and reed organ, particularly with regard to 
humidity and fungus effects. To conclude the general 
philosophy, brief reference is made to tone generation con- 
siderations, keying, and registration. As mentioned pre- 
viously, a considerable number of tone generators (at least 
sixty) are required as a minimum. The tone generators 
may produce a sine wave in conjunction with harmonic 
synthesis or borrowed partials from certain other generators, 
or they might generate a combination sine wave and pulse 
to be used with a blending technique utilizing electronic 
mixing. They also might generate a modified sawtooth wave 
form to be used in conjunction with the formant system of 
registration. It is well recognized that the sawtooth wave 
form is peculiarly suited to musical tone generation, owing 
to its inverse progression of both odd and evei: harmonics. 
This wave form, in conjunction with the use of formant 
voicing circuits, constitutes a function similar to the prin- 
ciple embodied in many musical instruments. If we exclude 
the effects of attack and decay, almost all instruments utilize 
the formant principle to some extent. The violin is an 
example in the string family, the clarinet or oboe in the reed 
family, the trombone in the brass family. The great variety 
of voices provided on a good pipe organ are produced by 
acoustical formant filters in the form of properly shaped 
flues or pipe cavities associated with the tonal source proper, 
whether it be reed or labial. This is quite analogous to the 
body of the violin, the flared air passage of the oboe and 
clarinet, and the bell of the trombone. Electronically, it is 
quite valid to view a suitable complex wave form as the reed 
or string source and discreetly designed filters and /or com- 
binations of filters as the formant medium similar to the 
body of the violin or the bell of the trombone. For these 
reasons and others, the complex wave form with formant 
circuit registration has been considered highly effective as a 
basis for electronic musical instrument design. 

Frequency stability is not only an important consideration 
but in some cases can be paradoxical. Stability of 0.5% is 
generally considered the outside limit in drift tolerance. 
Therefore careful consideration must be given to oscillator 
design. This is particularly true of instruments employing 
separate free-running oscillators for every tone generator. In 
this regard the master oscillator frequency divider principle 


is obviously superior, since it simplifies to some extent the 
stability problem and greatly facilitates tuning. On the 
other hand, since application of vibrato is most logically 
obtained by periodic frequency shifts in the master oscillator, 
it naturally follows that an extremely stable master oscillator 
circuit introduces new problems and considerations. 
Methods of keying in electronic musical instruments take 
many forms but can be resolved into two basic techniques. 
One method keys the tone generator proper and can be 
likened to the pipe organ, inasmuch as external forces are 
controlled by the key. These forces in turn control the 
speech of the associated pipe or pipes. In an electronic 
musical instrument of this type the oscillator generator is 
caused to speak by alteration of a cutoff bias or plate voltage 
or other operating voltages. When it is desired to couple 
octavely related notes, either above or below the note 
designated by the playing key, the use of multiple-contact 
couplers or solenoid-operated switch banks is mandatory. 
These are complex devices and quite costly, again because of 
the necessity for reliability. One variation of the aforemen- 
tioned technique is the type of instrument employing keying 
tubes in which the tone generation sources are operating con- 
tinuously, their outputs being fed through buffer amplifiers 
which are normally cut off and rendered operative by the 
depression of a key which alters a control bias. Although 
this instrument requires mechanical couplers, as mentioned 


previously, it has the advantage of permitting the use of 
master oscillator frequency divider principles in its basic 


tone generation circuits. An instrument oi this type, em- 
ploying formant circuits, appeared on the market nearly 
fifteen years ago and met with outstanding success. The 
service problems, however, were considerable, owing to its 
highly specialized circuits, which were beyond the experience 
of the average service man. The same instrument might 
survive today, because any ambitious and self-respecting 
technician has had to meet the challenges presented by tele- 
vision and other current developments. On the other hand, 
we have the direct-keying type of instrument in which all 
tone generators are in constant operation, their outputs 
being keyed to a collector bus or busses; the signals are then 
passed through registration circuits and thence to the pre- 
amplifier. In this type of instrument coupling octavely 
does necessitate the use of a plurality of contacts under each 
key, but this is the extent to which the design is complicated 
by the requirement for coupling. In the harmonic-synthesis 
type of instrument the number of contacts under each key 
is greater and depends upon the number of synthetic or 
borrowed harmonics which are placed at the disposal of the 
musician. In any case the direct-keyed instrument is charac- 
terized by a keying transient which takes the form of a click 
or scratch accompanying the keying of a note. Although this 
phenomenon is basic in its considerations and the solution 
is, as usual, a compromise, it usually becomes objectionable 
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only when the listener is made aware of it because of a poor 
acoustical environment. In other words, the presence of 
click becomes significant when the ear is able to associate it 
with the rhythm and keying of the musical selection, and any 
phenomenon associated with environment, such as reverbera- 
tion, space effects, and proper distribution, results in com- 
plete masking or great reduction of apparent keying tran- 
sients. Although the harmonic synthesis principle, along 
with a tapered generator output curve to complement a 
common click filter, accomplishes a reasonably satisfactory 
compromise, the use of complex wave generators and formant 
circuits with distributed octave filters presents a rather 
interesting variation in approach. In the former case voices 
of simple harmonic structure, such as the flute, contain little 
or no harmonics to mask the click band of frequency, whereas 
highly developed tonal structures, such as the diapason, 


Ist and 2nd 
DIVIDERS 


3rd & 4th 
DIVIDERS 


present less apparent click because of the masking effect of 
the harmonics. For this reason the simple tonal colors 
appear to have rather intense amounts of click. In the 
latter case the use of formant circuits with octave filters 
appears to have certain advantages. Since the formant 
circuits producing such simple structures as the flute colors 
are, in effect, low-pass filters, any suggestion of click is com- 
pletely removed. Conversely, since the formant circuits used 
to produce the string and other rich tonal structures are, in 
effect, high-pass or in some cases band-pass filters, the 
residual click is not suppressed. However, the presence of 
higher-order harmonics tends to mask this click considerably, 
and only in cases of very poor environment does the click 
become objectionable. In this respect the use of synthetic 
reverberation devices not only adds the desired realism but 
also confuses the ear with regard to association of click and 
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keying to such an extent that the effect of the apparent 
click is greatly reduced. At this time, we refer again to the 
statement concerning amplifier frequency response and point 
out that, consistent with required band width for the size and 
registration of the instrument, the frequency response of the 
overall system is included in the design considerations with 
regard to transient response as compared to harmonic range. 
Consequently, it is quite conceivable that, with instruments 
of more comprehensive facilities, wide response systems 
might be justified under certain conditions. 


With regard to output system and speaker enclosures, the 
emphasis is placed on freedom from intermodulation along 
with reasonable frequency response. This means that heavy- 
duty speakers must be employed, introducing little or no 
intermodulation at high peak levels, with wide extremes of 
frequency. Feedback circuits are employed to good advan- 
tage but mainly to obtain good damping factor and, again, 
freedom from intermodulation distortion. This is with par- 
ticular reference to output stages only. Power efficiency is 
considered, but not at the expense of reliability and straight- 
forward circuitry in the output stages, since the order of price 
involved in the average larger installation will usually war- 
rant the necessary number of extra booster cabinets required. 
It is considered satisfactory to design output circuits around 
conservative rather than peak power output ratings. 

In describing a commercial embodiment of present-day 
volume-produced electronic organs, reference is first made 
to the tone generators. In this instrument the tone gen- 
erators consist of a master oscillator with buffer sawtooth 
generator and four stages of frequency division. Figure 1 
shows the circuit layout with the master network at 
extreme right. The master oscillators operate in the region 
from approximately 1,000 to 2,000 cps. This oscillator takes 
the form of a simple integrating phase-shift network, and 
stability is accomplished through the use of stable deposited- 
carbon resistors, high-quality mica capacitors, and selected 
tubes. This is shown schematically in Fig. 2. This oscillator 
has been found to have excellent stability, provided that 
proper tube selection is carried out. Tubes having good 
mechanico-acoustical stability after a period of aging in the 


plant are utilized. This oscillator permits vibrato applica- 
tion through the simple expedient of modulating its plate 
supply voltage. The modulation is of the order of 5%. The 
source of the plate supply voltage, prior to modulation, is, 
of course, regulated, thus preventing frequency shifts due to 
line voltage surges. This method also avoids extra circuit 
wiring and connectors in order to provide vibrato effects. 
Long-term drift might occur, mainly due to changes in r, 
and tube geometry. However, the instrument can be tuned 
in approximately two minutes. Such ease of tuning is ren- 
dered possible by the frequency division principle of tone 
generation. [t is necessary only to set the temperament 
within an octave at a convenient point on the keyboard. 
Although the actual tuning adjustments vary the master 
oscillators, all dividers must follow suit. Since all harmonics 
are natural and integrally related to the fundamental, tuning 
is further simplified. On the production line eight master 
oscillator networks are assembled, differing only in capacitor 
values. These networks are then checked on production fre- 
quency standards and assigned a pitch designation repre- 
sented by the frequency at which the network oscillates 
when tuned somewhere near the center range of the control. 
The output of the master oscillator, which is roughly 
sinusoidal, is fed to a sawtooth buffer stage. This stage not 
only serves to produce a sawtooth wave form of desired 
harmonic structure but also functions as a buffer to isolate 
the keying circuits from the master oscillator proper. The 
buffer also drives the first of four frequency divider stages. 
The frequency divider circuit employed is somewhat novel, 
inasmuch as it employs one triode section plus a minimum 
number of associated component parts. These component 
parts are resistive and capacitive components only. The fre- 
quency divider circuit constitutes, in effect, a nonlinear am- 
plifier operating near cutoff mainly because of restoration 
effects in the grid circuit. The significant factor in this 
circuit is the feedback path from plate to grid, constituting 
an integrating phase-shift leg. The combination of a capaci- 
tive plate load and this phase-shift feedback leg produces a 
varying level upon which the driving wave form is super- 
imposed. This reference level serves to displace every other 
positive going peak of the driving wave form above and 
below cutoff, thus producing division of the driving fre- 
quency. Figure 3 represents a complete four-stage divider 
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chassis with buffer. Of considerable significance in this 
regard is the phase relationship of the fundamental com- 
ponent contained in the sawtooth generated at the plate 
relative to the tube conduction peaks. This phase delay, 
in combination with the delay introduced by the feedback 
path, produces the previously mentioned varying reference 
level having such phase relations as to properly displace the 
driving peaks. It is important to note that the output of 
this frequency divider is a sawtooth of wave form identical 
to that of the input wave form. This is very desirable, of 
course, and enables use of the divider output wave form 
with no further modification as a source of complex musical 
tones. It is also interesting to note that the wave forms can 
be taken from similar points throughout the entire chain of 
dividers and that phase relationships are identical and wave 
forms are of similar amplitude. This is accomplished by 
proper assignment of values, and nowhere is the circuit highly 
critical to tolerances. Proof of this is the fact that one set 


of values will encompass a range of three semi-tones, in use, 
with two or more semi-tones on either side as a precaution. 
Ten per cent components are used in most cases throughout. 
Finally, this frequency divider is not of the regenerative type 


and is completely incapable of sustained oscillation. There- 
fore, it can rightfully be termed a nonoscillating divider of 
simple structure. Figure 4 illustrates wave forms at various 
points in a divider stage. Figure 5 is a top view of a com- 
plete five-octave chassis. The twelve-tone generator chassis 
are divided into four groups of three, each group differing 
only in capacitor values. For example, C, C#, and D notes 
are all generated by an identical chassis with the exception 
of the master oscillator network. The resultant economies 
and greater ease of production are obvious. 

Direct keying is employed, and, since the output im- 
pedance is of the order of 10,000 ohms, inexpensive harness 
methods can be used in grouping and collecting generator 
outputs for keying. Stack switches of commercial design 
with slight retooling have been used until recently. These 
switches incorporated pure palladium contacts and operated 
in a shunt keying circuit. This is demonstrated in Fig. 6. 
This was necessary to avoid the effects of shunt capacities 
in the switches. The output collector busses are broken into 
octaves, each octave being filtered by a capacitor of proper 
value relative to the band of frequency contained in the 
associated octave. The outputs of all octaves are then mixed 
to form a manual bus of which there are three, and these 
manual busses are then connected to their respective coupler 
switches and thence to the tone color circuits. The coupler 
switches ground their associated manual bus when it is not 
desired. A single manual instrument has three such manual 
busses, namely 16 ft, 8 ft, and 4 ft. This simply means that, 
when the middle A key on the instrument is depressed, a 
tone having a fundamental component of 440 cps will be 
heard, when the 8-ft coupler tablet is operated. If the 16-ft 
coupler is operated, a tone of 220 cps will be heard, and if 
the 4-ft coupler is operated, a tone of 880 cps will be heard. 
These couplers can be operated in any combination, which, 
along with the rich harmonic structure available from the 
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generators, results in considerable variety and versatility. 
Furthermore, when the couplers and formant circuits are 
employed in combination, the overall variety of the instru- 
ment more than fulfills the requirements of most organ 
fanciers, including those having considerable formal back- 
ground in music and organ techniques. 

Although only five octaves of fundamentals and associated 
harmonics are provided by each generator chassis, the use 
of “resultant” techniques enables addition of a sixth octave 
for pedal bass range. This is accomplished by the mixing 
of a fundamental sawtooth with its “fifth” or a note rep- 
resenting the sub-third harmonic. For example, the low C 
on the pedals is connected to low C on the manual, which is 
approximately 60 cps. Also connected to low C on the pedals 
is approximately 25% of A at approximately 90 cps. When 


the combination is passed through a low-pass filter and im- 
pressed upon the ear, particularly at the higher levels nor- 
mally required to compensate for Fletcher-Munson effects, 
the nonlinearity of the eardrum produces an apparent dif- 
ference tone of approximately 30 cps, which is obviously one 
octave below the aforementioned C fundamental. This 
technique has been used to great advantage. Figure 7 shows 
this keying circuitry. 
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The formant circuits consist entirely of resistance-capaci- 
tance networks in conjunction with vacuum tubes used as 
electronic filters. This technique has certain peculiar ad- 
vantages and eliminates the use of special core inductors 
and their attendant problems. The formant circuits in the 
present design are arranged in a chain shunt manner such 
that one or more in series effectively operate in shunt across 
the source, and this in some respects effects an economy with- 
out great compromise in the use of component parts and 
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circuits for the required number of voices. Figure 8 graphi- 
cally demonstrates the response of the various filters. Figure 
9 illustrates the registration circuits employed for the single 
manual model and the great manual of the current two- 
manual models. In the two-manual models two complete 
sets of filters are employed, the main difference pertaining 
to the swell or upper manual where the three manual busses 
constitute 8 ft, 4 ft, and 2 2/3 ft, or quint, so-called. This is 
an odd, harmonically related, complex wave form in which 
the fundamental represents the third harmonic of the playing 
fundamental at 8-ft pitch and therefore augments the odd 
harmonics of the 8-ft bus, thus functioning to provide a 
suitable wave form for use with formant circuits to produce 
tone colors of the woodwind variety, such as clarinet and 
oboe. This quint bus is automatically connected when any 
color tablet of the woodwind variety is operated. Figure 10 
shows the registration circuits employed for the swell manual 
of the current two-manual models. The output from the 
formant circuits is next fed to the input of the preamplifier, 
which is a rather straightforward pentode voltage amplifier. 
The output circuit of the preamplifier is connected to a slide 
step attenuator of special design incorporating molded-in 
contactor bars. This design was made necessary because of 
the severe use to which the swell pedal attenuator is sub- 
jected. Figure 11 is a top view of this attenuator with cover 
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removed. This attenuator is followed by phase inverter and 
cathode follower stages providing medium level output for 


power cabinets. The smaller models include self-contained 
power amplifiers within the console. A console amplifier 
is shown in Fig. 12. Figure 13 shows the power supply 
which features RC filters, gas tube regulators, and the 
cathode-coupled Wien-bridge vibrato oscillator. 

Mechanical design stresses package unit construction. All 
five octaves plus the master oscillator of each note are con- 
tained on an individual plug-in chassis. These chassis are 
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designed to provide mutual shielding from each other when 
in position on their power supply and output harness socket 
channels. Power supply and amplifier are plugged into the 
same channels. The entire assembly forms a neat and in- 
tegrated unit, particularly in the single manual models in 
which the keying switches are incorporated in the output 
signal harness channel. Figure 14 shows a top view of a 
single-manual instrument with tone filter cover removed. 
As a result, the only additional components not contained in 
the main generator tray are the swell pedal, the attenuator, 
and the loudspeaker. Figure 15 is a rear view of the same 
model with panel removed, and Fig. 16 is a front view. This 
feature enables a dealer or service man equipped with proper 
spares to effect immediate correction of any tone generator 
fault by substituting a new divider chassis. 
chassis can then be repaired at leisure. This feature also 
applies to power supply aad amplifiers. In the two-manual 
models, as in the single-manual, accessibility is emphasized, 
and, although the keying switches are installed in separate 
channels associated with each keyboard, the upper keyboard 
or manual is pivoted in such a manner as to allow it to be 
swung up and away from the lower keyboard and channel 
to effect adjustments, replacements, etc. Figure 17 is a 
photograph of a two-manual instrument with a 40-w tone 
cabinet. 

In conclusion, volume production is further realized 
through the use of printed electronic circuits in keying chan- 
nels and etched circuits in the tone generator chassis. Auto- 
matic assembly machines have been developed and are 
currently being installed for production of keying switches 
of radically different design to further accelerate the flow of 
production, at the same time maintaining or improving 
quality and reliability. 
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Gun-Shot Reinforcers and Synthesizers 


J. L. HatHaway* anv R. E. Larrertyt 
National Broadcasting Company, New York, New York 


The sound of a gun shot in a studio is difficult to reproduce. In the home it often sounds more 
like the snap of a finger than the rear of a gun. 


with a means of circumventing their combined effect. 
great realism through the use of simulated reverberation. 


The factors responsible are described, together 
A shot may be electronically reinforced with 
This is keyed on automatically by the 


initial impact and then decayed gradually to create the effect of a longer shot, which in turn pro- 
duces a louder sound. Methods are also described for generating several special effects, such as 
the distant roar of cannon fire, the chatter of machine guns, and the ricochet whine of bullets. 
Demonstrations of reinforcing and synthesizing equipments were given at the Audio Fair. 


THE PROBLEM 


Eat AsTESS have encountered a problem in the 

field of audio engineering which at first appeared to 
have a simple solution, but which was actually quite for- 
midable. It consisted in transmitting gun-shot sounds so 
that they could be reproduced from typical loudspeakers 
as gun shots, rather than as the snapping of fingers. En- 
gineers have been haunted by visions of a typical television 
drama where, as the climax arrived for an earsplitting roar, 
the hero took aim and—pip, what a climax! This situation 
often has been saved by the ad lib of a quick-witted actor 
regarding the effectiveness of an invisible silencer, but this 
alibi has been worn much too thin. 


RADIO'S SOLUTION 


Sound effects personnel have long recognized the short- 
comings of typical broadcasting and reproducing systems, 
as imposed by studio acoustical conditions in combination 
with electrical dynamic range limitations. One fairly suc- 
cessful arrangement, however, has been developed and is 
used extensively in radio. Carefully loaded powder charges 
are plugged into a supporting rack with electrical connec- 
tions providing for remote detonation of one or more as 
required. This has made possible location of the “noise 
maker” some distance from the active cast microphone, and 
the charge, or cap, is fired on cue by depressing a button. 
With the explosives located at a far corner of a fairly live 
radio studio, sound level at the microphone is generally more 
than sufficient to produce signals which exceed the electrical 
limiting level of the system. There can be no benefit in 
locating the source of explosive sound closer to the micro- 
phone in order to further exceed the level of limitation, and 
actually the distant location is highly advantageous. It 
avoids smoke and powder smell, and it does not create tem- 
porary deafness or fear in the actors. Also, and more im- 
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portant from the technical point of view, it increases the 
ratio of reverberant to direct sound. Limiters are not re- 
quired to reduce gain as extensively as for a nearby shot, 
and the subsequent reverberation becomes amplified to a 
greater degree. This produces the effect of lengthening out 
the shot sound period—actually making its duration a func- 
tion of studio reverberation time. The physiology of the 
human hearing system is such that sounds of longer duration 
are heard with far greater audibility than those of extremely 
short duration. Thus, assuming that the pistol shot is 
limited to a given peak level in any event, the reproduced 
sound is much louder when lengthened by reverberation. 


TELEVISION’S PROBLEM 


Although remote cap detonation has performed admirably 
in the field of radio broadcasting, it has not been very 
satisfactory in television for two reasons. Here, such precise 
synchronization of sight and sound is required that manual 
operation is often ineffectual. If the sound effects operator 
is equipped with an earphone and viewing monitor, he can 
sometimes detonate the charge in exact synchronism with 
the movement of the actor’s trigger finger. But experience 
shows that he frequently misses timing for some reason, such 
as listening to instructions or becoming involved with other 
effects, and that even a slight timing error is discernible to 
most viewers and ruins the dramatic effect. The bang of a 
pistol occurring before the pointing or after an actor has 
fallen adds a touch of comedy certainly not intended by the 
director! 

The other reason for ineffectiveness of the cap system lies 
in the studio acoustics. Generally television studios are dead 
compared to radio studios because microphones must fre- 
quentiy be operated at appzeciable distance to keep them 
out of camera view. Also, the high ambient sound level 
associated with camera operation and scenery moving must 
be combated through the use of directive microphones as 
well as a high degree of acoustical absorption. Under these 
conditions the magnitude as well as the duration of rever- 
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beration is so diminished as to result in short, weak, un- 
realistic sounding shots. 


EARLY ATTEMPTS 


Attempts to produce the proper effects have been con- 
ducted along several fronts. One seemingly logical proposal 
was to procure and test special, slower burning pistol blanks, 
in order to increase the effective sound period. Although 
procurement of ammunition is difficult, a few .32-caliber 
blanks especially loaded for slow burning were finally made 
available for test. It is not known just how slow they were, 
but results indicated that the difference in overall sound was 
negligible; for any appreciable improvement, at least another 
order of magnitude would have been necessary. 

Another attempt at enhancing shot effect consisted in 
adding reverberation artificially in a degree far exceeding 
that obtainable in a television studio. As anticipated, this 
increased the effective duration sufficiently to result in ap- 
preciably greater loudness of the reproduced sound. Ac- 
tually, it would constitute an excellent solution to the 
problem except for the unavailability and high cost of good 
reverberation chambers. 

Then an attempt was made to derive artificial reverbera- 
tion in a more convenient and less costly manner. A wooden 
box was constructed, about the size and shape of a coffin 
standing on end. Some of the inside walls were lined with 


hard-wood semicylinders, and certain other precautions 


were taken to avoid excessive resonances. Reverberation 
within the small chamber, it was believed, could be aug- 
mented by regeneration and corrected in frequency response 
and decay time by a number of compensation filters. It was 
found possible to obtain a good frequency characteristic or 
an acceptable decay characteristic, but unfortunately the 
filters could not be juggled into a combination which gave 
both of these necessary qualities simultaneously. Finally 
the coffin was relegated to the morgue. 


A NEW SYSTEM 


Careful listening tests during the earlier experiments in- 
dicated that the desired shot reverberation had little dis- 
tinguishing tonal characteristic. It was reasoned, therefore, 
that a purely random, or white, noise should be very similar. 
To check this, an electrical noise generator was arranged so 
that it could be suddenly keyed on, and then faded out 
gradually. The theory was aurally confirmed, thus leading 
to the development of a practical random noise substitute 
for gun-shot reverberation. By triggering the noise on 
during an actual pistol shot and then allowing it to decay 
slowly, a very excellent composite shot sound was generated 
which could be passed through the broadcasting and re- 
ceiving systems with their respective limitations and be re- 
produced with great realism. Furthermore, this automatic 
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triggering by an actual pistol shot resulted in perfect syn- 
chronism of sight and sound on television. 

When the noise voltage is triggered on, it should not be 
accompanied by a coincidental thump of unduly high am- 
plitude. This can be avoided by employing a balanced push- 
pull stage. In such a circuit, push-pull tubes are normally 
operated with greater than cutoff bias. Then, when the shot 
effect is required, the excessive bias is suddenly removed, 
permitting full amplification. The bias then is allowed to 
increase at a predetermined exponential rate to beyond the 
cutoff value, causing the noise voltage to die away logarith- 
mically, in a manner similar to that of the electrical wave 
of true random reverberation. The schematic of Fig. 1 
shows a typical noise-keying amplifier. 

The character of the noise voltage was found to be rather 
important, and tests showed that a smooth type of hiss gave 
best results. Generators having high-level spikes or 
“glitches,” even when followed by some degree of limiting 
in succeeding amplifiers, did not produce as good an effect 
as those having smooth, random electrical noise output. 
Small thyratrons with magnets physically positioned to 
minimize spiking were tried as generators and had the ad- 
vantage of developing relatively high output level. They 
possessed the disadvantage, however, of producing severe 
spikes which could be held down only through very careful 
alignment of the magnetic field. This critical adjustment 
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was subject to change from time to time and has been 
avoided in present equipment through the use of an ordinary 
gas regulator tube as a generator—a VR150. This, in <om- 
bination with proper circuitry, is found to be noncritical 
and to develop a spike-free noise voltage. Output level is 
rather low, however, so appreciable amplification must be 
provided. A typical noise generator and amplifier is shown 
schematically in Fig. 2. Current through the regulator tube 
is quite small, and the supply voltage must be extremely 
well filtered to avoid hum components. 


THE REINFORCER 


The effective utilization of any device in a large broad- 
casting plant implies that it must require minimum effort on 


ihe part of the operating personnel. Hence, the reinforcing 
system was designed to be used without extra personnel or 
even additional effort on the part of the control engineers. 
Tests indicate that, in a typical television studio, a .22- 
caliber pistol fired 20 ft off microphone produces a peak level 
about 20 db higher than the loudest speaking or shouting 
voice located only 1 ft from the same microphone. Thus a 
sizable margin exists and has been utilized for automatically 
triggering the reinforcer on an amplitude selective system. 
In this triggering arrangement a rectifier, an overbiased 
triode, becomes active far above normal program peak level 
and actuates a mechanical relay. The relay contacts, in 
turn, key on the noise circuit. It is felt that this system 
is less subject to the vagaries of standing waves than other 
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Fig. 3. Cireuitry of a pistol-shot reinforcer. 
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Fic. 5. Reinforcer in studio output. 


automatic arrangements which were considered. Three of 
these, of unusual interest, required a special type of pistol 
for use on television. In one, the pistol housed an ultrasonic 
generator; in the others, it housed rf generators of either 
the buzzer type or of the vacuum-tube oscillator type. All 
three arrangements, of course, needed special receivers lo- 
cated within the studio in order to detonate the cap or to 
trigger the electronic generator. Those who have worked 
with ultrasonics and radio frequencies will appreciate the 
wave interference hazards and the extreme safety margins 
necessary to assure reliable operation at practical distances. 

Circuitry of a complete pistol-shot reinforcer is shown in 
Fig. 3. Here, the dotted section A includes the noise-gen- 
erating portion; section B, the noise-keying circuits; section 
C, the automatic triggering components; section D, the audio 
program and mixing amplifier; and E, the power supply. 
The unit is pictured in Fig. 4. 

The block diagram of Fig. 5 illustrates the method of 
utilizing the reinforcer unit in a broadcasting system. As 
shown, the overall audio output from a given studio is passed 
directly through the device. When a pistol is fired and 
picked up on a microphone which is adjusted for voice level, 
the high peak of the report is applied to the reinforcer’s 
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trigger rectifier tube. This actuates the relay and keys the 
noise amplifiers. Thus, the artificial reverberation combines 
with the sound voltage from the actual pistol in the rein- 
forcer’s program and mixing amplifier, producing a composite 
output—the actual pistol shot followed by random rever- 
beration. 

Since all program signals must pass through the mixing 
amplifier of the reinforcer, it is essential that this portion of 
the unit be of extremely high quality to avoid degrading the 
studio output. Actual measurements show it to be flat 
within 4 db from 30 through 15,000 cps. Distortion intro- 
duced is less than 1%, measured at 10 db above normal level, 
and the signal-to-noise ratio at operating level is better than 
70 db. Output impedance of the reinforcer is 12 ohms, a 
value sufficiently low to permit bridging by a number of 
channels without deleterious effect. 


SYNTHESIZING SHOT EFFECTS 


Even before the single-shot reinforcing device had reached 
its final stage of development, it became obvious that many 
other sound effects associated with gunnery could be readily 
produced. For example, a rapid repetition of the single-shot 
sound was found to create an excellent machine-gun effect. 
This, however, could be accomplished manually only by 
skilled telegraphers, so an automatic system was designed 
to provide repeated bursts at a predetermined rate. Such a 
system could have utilized a relay actuated by a If oscil- 
lator, or the relay could have been made to vibrate at the 
desired rate either with or without a controlling vacuum 
tube. The arrangement employed is shown schematically 
in Fig. 6. Here, when the operating button is depressed, 
with the switch in the machine-gun position as shown, a 
positive potential is conveyed to the vacuum-tube grid by 
way of the normally closed keyer relay contacts. This pro- 
duces a plate current surge and actuates the relay. Then, 
through the “make” contact, a negative potential is applied 
to the grid, cutting off plate current and releasing the relay 
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to its normal position. Thus, when the button is held down, 
the action repeats itself. Repetition rate is a function of 
many factors and can be controlled by any of several means. 
In the illustration, the rate is adjusted by selection of the 
desired grid-circuit time constant, by means of the variable 
capacitor. It may also be desirable in certain instances to 
supplement the capacity across the relay coil to provide for 
extremely slow rates of fire. 

When single shots are required, it is, of course, possible 
to set the control for repeating bursts and then push the 
button only long enough to develop a single one. This 
might, however, result in releasing more than one shot if the 
operator is not alert or if he is involved in other duties. 
Hence, an arrangement is provided whereby only single 
shots can be fired, regardless of how long the button is held 
closed. With the switch of Fig. 6 in the single-shot position, 
only a single positive pulse can be sent through the series 
condenser to the tube grid. Thus only a single cycle can 
occur, whether the button is momentarily pressed or held 
down. 

The overall effect of machine-gun fire has been found much 
more realistic when the individual bursts are accompanied 
by sizable impacts. The degree of impact, or misbalance 
thump, may readily be controlled by means of a rheostat in 
one of the keyer tube cathodes. 

In general, nearby gun fire and reverberation are heard 
with appreciable hf energy. However, reports from great 


distances almost completely lack the higher components, 


owing to their attenuation by the atmosphere. Thus, the 
nearby pistol shot contains much of its energy in the higher 
register, but the distant cannon is heard as a deep-pitched 
roar, not too dissimilar from the roil of thunder. In the 
gun-shot synthesizer, various audio-frequency characteristics 
are provided to achieve these variations. Two stages of ad- 
justable RC low-pass filtering have been found highly 
satisfactory. 

Another effect which is useful and desirable in gun-shot 
synthesizing apparatus is that of ricocheting bullets. For 
realism and versatility, the ricochet tone should be a dis- 
torted whine which can be triggered on following a gun blast 
by any desired interval of time. Actual ricochet notes gen- 
erally start at a medium or high pitch when the bullet has 
been deflected by a solid object which has caused an ab- 
normal spin. The note usually falls off because of down 
doppler and reduced spin rate, and the sound fades away. 
An adjustable, electronic type of delay for the ricochet note 
may be provided by means of a single-cycle multivibrator, 
as shown in Fig. 7. Here the positive pulse which triggers 
the blast is applied to the first grid of the multivibrator and 
reappears at the second plate, followed by a delayed negative 
surge. This surge is differentiated and amplified to cause a 
momentary release of the normally activated relay. This in 
turn conducts a positive voltage and charges the large grid 


Fic. 7. Ricochet delay multivibrator. 
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storage capacitor, as shown in the ricochet oscillator diagram 
of Fig. 8. The first grid of the oscillator, normally beyond 
cutoff, is suddenly swung into the positive region by the large 
positive voltage which causes oscillation to start. The cir- 
cuit configuration is such that a highly distorted note is 
generated, whose frequency is a function of tube transcon- 
ductance. As the charge is dissipated from the storage 
capacitor, the transconductance droops and the ricochet tone 
falls in both pitch and amplitude. The various combinations 
of delay and starting pitch provide versatility covering a 
wide range of applications. 


CONCLUSION 


Both the gun-shot reinforcer and the gun-shot synthesizer 
have been found highly practical for television broadcasting 
applications. The reinforcer is a relatively simple rack- 
mounted unit which is normally located in the main equip- 
ment room and is patched into any studio. This type of 
unit is purely automatic in operation and is triggered by an 
actual gun shot. Several of these were manufactured and 
have been successfully used for some time in National 
Broadcasting Company studios. More recently, a few of the 
synthesizing equipments have been procured for use by 
sound effects personnel. These units are normally mounted 
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on portable tables and may be wheeled to the desired loca- 
tions. Of the two types of equipment, the portable unit pos- 
sesses far greater versatility, but the rack-mounted unit 
enjoys the advantage of eliminating sight and sound syn- 
chronization difficulties. 


Many other sound effects associated with falling and 
bursting bombs or other missiles have been electronically 
generated. The limitations appear to be only those of equip- 
ment size and cost of the development time required to bring 
basic ideas into reality. 
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Film-type resistors are described historically, and qualifications and advantages over conven- 


The Deposited-Carbon Resistor: An Essential Component of Good Audio Design Practice 


tional composition types are presented. Particular emphasis is placed on the circuit requirements 
of stability—from the standpoints of temperature, voltage coefficient, and aging—and on freedom 
from noise. Specific figures show that high-gain amplifiers cannot be classified as well engineered 
without the use of this type of component. The paper concludes with a description of the various 


types of film resistors now available. 


NGINEERS charged with the design of audio amplifying 
equipment of high quality have overlooked the potentiali- 
ties of deposited-carbon resistors as an essential requisite for 
their best possible work. This paper will endeavor to set 
forth some of the peculiarities of this component and the 
reasons why it should be used in all high-quality audio equip- 
ment. 

It may be well to review briefly the historical develop- 
ment of pyrolytic process resistors. Over thirty years ago, 
the first of these were produced as a result of cooperative 
research upon the part of Messrs. Siemens and Halske, and 
Rosenthal, electrical engineers and fine china makers, respec- 
tively, in Germany. Prior to World War II a few of these 
resistors were in use in America, but they never received any 
wide circulation or acceptance in the trade. The next nation 
to undertake developmental work was England, where the 
need for this stable component was immediately appreciated 
in connection with radar and similar techniques. Much 
work was done in the years immediately preceding and dur- 
ing the war to bring this technique to its present-day status 
of perfection. Its development in America was confined 
to the efforts of one laboratory and their licensees, but it can 
be truthfully stated that it never assumed large proportions 
in relation to the total number of resistors made in this 
country. The original patents have now expired, the process 
is in the public domain, and the ability to produce an effec- 
tive component is largely dependent upon technical knowl- 
edge and manufacturing integrity. Today, anyone can enter 
this field of endeavor, but it takes years of experience and 
manufacturing technique to develop a product whose per- 
formance can be guaranteed. 

The pyrolitic process consists in vaporizing a metallic 


compound within the confines of a gas-tight furnace and 
allowing the vapor to be deposited upon ceramic rods of 
especially selected porcelain-type material. It is not con- 
fined to carbon; several metals have been and are still used, 
depending upon the resistance requirements of the finished 
products. In this paper, however, we shall confine our dis- 
cussion to the carbon components, and metallic film types 
will be mentioned only to show the comparative perform- 
ances. The length of time the vaporization process continues 
determines the depth of the film deposited; this is one con- 
trol used to obtain specified resistance values. The bond 
between the film and the ceramic is integral and cannot be 
separated, when properly processed. Otherwise the stability 
of the resistor would suffer in use. 

The choice of the ceramic, the construction of the furnace, 
and the exact method of charging it are the closely guarded 
secret of the manufacturer. Once fired, the rods are allowed 
to age before being sorted into basic resistance groups for 
further processing. 

The film is characterized by being hard, firmly adherent 
to the porcelain, and of excellent electrical properties. It 
has a low temperature coefficient, a low noise level, and is 
nonlinear. Because the specific resistance of the film is low, 
it is necessary to increase the length of path of current travel 
mechanically, in order to achieve resistors of more than a 
few decades of ohms in value. The most common method 
of achieving this is to grind a spiral into the ceramic rod, 
removing a track of the film deposit, and thus increasing the 
length of current travel and resistance. Of course an in- 
crease in resistance is possible with a reduction in the thick- 
ness of the deposit of film, but this becomes microscopicaliy 
thin for values of less than 10° ohms—in large physical size. 
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Therefore the spiraling method has become universally used 
as a control of the final value of resistance. Some idea of 
the possible range of resistance values may be had from the 
fact that the original deposit possesses a resistance of 5—10 
ohms per square, to values of 100 kohms per square. These 
values represent the thickest to thinnest possible films practi- 
cal to handle, and at the high value mentioned the film is 
almost microscopically invisible. But by the spiraling 
process, a magnification of some ten thousand times the 
resistance of the original rod is possible. 

The design engineer will first wish to know the range of 
values he can obtain for his work. This range of resistance 
is intimately associated with the accuracy of the component, 
and by accuracy is meant the stability of the resistor after 
its normal life expectancy. Tolerance of selection is one 
thing, stability quite another. When a resistor is offered 
at +1% tolerance, the manufacturer guarantees that ac- 
curacy at the time of despatch and disclaims responsibility 
for an ultimate shift in value due to aging or other causes 
of drift. But when a manufacturer offers his product at 


+1% stability, then he guarantees a resistance whose value 
will not deviate more than that amount from its marked 
value, under rated load and operating conditions, including 
the 5,000-hour tests. This is a very important point to be 
borne in mind when purchasing a resistor and when assessing 
performance characteristics and comparing price ranges of 


several competitive components. It is possible to economi- 
cally manufacture resistors from 50 ohms to 10 meg at +1% 
stability, although not the entire range in one wattage size; 
and with a widening of the tolerance to +2%, the range can 
be extended to 10 ohms to 50 meg. The author knows of 
only one firm offering to the American market a first-class 
resistor with a guaranteed stability of +1%. Because sta- 
bility of component value is so important in many audio 
applications, this is a point the design engineer must closely 
watch if he is to secure the fullest performance from pyrolytic 
resistors. 

While discussing the matter of resistance range it may 
be mentioned that for the nucleonic field pyrolytic resistors 
using a rare metallic earth as the vaporized medium can be 
made to the value of 10'* ohms, but at a stability of approxi- 
mately +10%. These resistors are enclosed in an evacuated 
container of glass and find their use in ionization chamber, 
electrometer, and phototube multiplier circuitry. Such re- 
sistors exhibit a remarkably low polarization effect, consider- 
ing the resistance value involved. Polarization effect is the 
apparent retention of charge by the resistor, after removal 
of the applied voltage, and is not to be confused with the 
Boella effect. 

In audio design practices the deposited-carbon resistor 
offers the design engineer the advantages of stability, low 
temperature coefficient, very low voltage coefficient, and low 
noise value. None of these can be rightfully claimed for 
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a composition-type resistor, and each characteristic will be 
dealt with in order. Now, it will be asked, why are these 
points essential to good audio design? The development of 
the art has reached the point where an overall improvement 
in the equipment can be achieved only through emphasis on 
refinements. The audio field, however, is far broader than 
most people realize, and applications of audio equipment in 
industry are daily increasing. It is in this category of 
equipment that the engineer designing home and commercial 
audio apparatus can find opportunity for great improvements 
which he should have long ago adopted in his work. But 
the “laissez-faire” attitude has prevailed, and the public does 
not yet realize what it can demand of the supplier in the 
way of improved operational characteristics. 

The stability of the resistors will determine the inherent 
performance of equipment specifically designed to operate 
at given parameters. For instance, a bias resistor shifting 
by as much as 10% in a stage involving a high-gain tube 
can vitally affect the distortion contribution of that stage, 
and thus the entire amplifier. Similarly, a shift in value of 
the plate resistor will affect the operation of the stage, as it 
will shift the operating point and the bias as well. 

In the design of feedback loops, the ratio of the resistors 
involved determines the amount of feedback applied, and 
a shift here can cause an otherwise well-engineered amplifier 
to shift into instability, despite the fact that it passed in- 
spection at the time of manufacture. Problems of phase 
shift, although of small importance in sound work, present 
quite a different aspect in industrial applications, particularly 
in multichannel installations. And the extent of this type 
of audio installation is little appreciated because of the lack 
of data on this work in the technical audio literature. A vast 
amount of audio work is being done with installations involv- 
ing the simultaneous operation of as many as 24 channels, 
each with a gain of 120 db or more, and in which the phase 
shift must be a minimum and identical for each channel. 
Here stability is an essential of every component, as only 
variation of the tubes can be tolerated. 

Comprehension of the stability of pyrolytic resistors de- 
mands a knowledge of the differences in operation of molded 
resistors and of film types. In film-type resistors current 
travels through a ribbon of finite cross-sectional dimensions, 
by virtue of the design of the component. But ordinary 
units do not display this characteristic. Each conducting 
particle is held in contact with its neighbors by a bonding 
medium, and if the law of averages is allowed to operate, 
the contact is at a point only (Fig. 1.). (Solid geometry 
will show that two spherical bodies in contact are tangent 
at a point only.) Because of these points of contact, there 
is more than one path of travel for the current through 
the resistor; and, as there is always a miniscule arcing taking 
place, these paths are in a state of constant change. Hence 
the molded or solid-carbon resistor is nonstable in applica- 
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Fic. 1. Cross section of a molded composition resistor, showing 
clearly the point contact existing between particles. These are the 
sources of high noise level, due to the internal arcing under voltage 
stress. 


tion. And the changes will continue throughout the life of 
the resistor until it finally opens or otherwise fails. 

Ordinary carbon resistors generally may be classified into 
two types—the solid-carbon type in which the carbon parti- 
cles are molded together with a binder, and the carbon-resin 
type, in which the conducting medium is a compound of car- 
bon and other materials, held contiguous by pressure molding. 
The solid-carbon type is less noisy, as the resinous compound 
seems to craze under stress of heat and voltage, and the 
internal arcing is high. 

Integrally tied in with stability is temperature coefficient. 
That of pure carbon is —0.02 to —0.06%, depending on the 
thickness of the film and the resistance value. The high 
resistances (thinner films) display higher temperature co- 
efficients. But it is uniform over a wide range, and there- 
fore circuits involving many resistors will all shift in a 
like direction. The older types, on the other hand, have a 
wider range of temperature coefficient because of the com- 
position of the conducting medium, which changes with the 
resistance range. Also, some of the metallic film types 
offered in the American market have a high temperature co- 


efficient. In fact, one make has the unenviable distinction of 
displaying both plus and minus values of temperature co- 
efficient in one single component when taken over the range 
of -20° to +25°C. Properly engineered deposited-carbon 
resistors, if manufactured according to specifications, will fall 
well within these values and can be spiraled to give 
the assigned values at temperatures differing from normal 
room temperatures for applications in which equipments 
must work at high or low temperatures and still display 
specific values of resistance. 

The voltage coefficient of carbon is so low as to be almost 
negligible when compared to that of ordinary carbon re- 
sistors. It is of the order of 0.001% negative per volt, and 
it never exceeds a maximum of 0.002% negative. But with 
the molded types the voltage coefficient can well exceed a 
10% shift overnight, and this shift will continue for the 
life of the component. This is a result of the internal burn- 
ing or arcing of the particles and the crazing of the resinous 
compounds when under stress of the applied voltage. 

It is in the field of low noise, however, that the pyrolytic 
resistor makes its most outstanding contribution. Perhaps 
the best way to illustrate this is to cite a specific example, 
and then to analyze the advantages of the deposited-carbon 
resistor. In a recording studio three identical preamplifiers 
of a well-known make, using a 6SJ7 triode connected, fol- 
lowed by a 6SJ7 pentode connected, were causing consider- 
able noise difficulty. The old-style units which were used 


in their manufacture were removed, deposited-carbon re- 
sistors of identical value substituted, and noise measurements 
were again made. A minimum noise reduction of 6 db, and 
in the case of one amplifier more than 13 db, was achieved 


by this slight modification. The maker of the components 
was appraised of this improvement, but he still persists in 
using the noisy components of his original specification. 
The author has operated a six-stage all-triode amplifier, 
using pyrolytic resistors throughout, with noise so low that 
it is not further reducible save for development of better 
tubes for the input stage operation. 

For more than a decade a molded resistor with minimum 
noise characteristics has been offered on the American 
market. This resistor represented a definite improvement 
at the time of its introduction, but subsequent tests have 
shown that it is not as free of noise as is claimed, being 
highly hygroscopic. To achieve the low-noise figure men- 
tioned, the resistor must be baked dry and then enclosed 
in an evacuated can, hermetically sealed; otherwise the 
absorption of atmospheric moisture will cause the noise 
factor to materially increase. This brings up the problem 
of the effect of humidity on the performance of deposited- 
carbon resistors. Although all resistor materials, as well as 
porcelains, are subject to adverse effects when exposed to 
humidity, the proper manufacturing technique of casing the 
completed resistor in a silicone coating results in the most 
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Fig. 2. Relation between resistance, bandwidth, and thermal 
noise voltage. This curve will enable determination of the inherent 
Johnson noise voltage of a deposited-carbon resistor, when its value 
and the frequency pass band of the equipment in which it will be 
used are known. 
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satisfactory performance from this point of view. Encasing 
the component further in a sleeving of plastic is inadvisable, 
as occluded moisture droplets within the plastic tube will 
offer a short-circuiting path between terminals and a conse- 
quent shift of resistance and noise voltage. 

As has already been pointed out, the internal arcing of 
the carbon or other conducting particles is the major source 
of noise in a current-carrying resistor. This can be likened 
to the hissing of a carbon-granule microphone and is char- 
acteristic of the noise of a telephone instrument. Because 
of the finite cross-section ribbon resistance there is no noise 
contributed from this source; in fact, one manufacturer tests 
every resistor before shipment for the noise it will contribute 
under voltage stress to determine any miniscule breaks in 
the carbon track which might have occurred in the finishing 
portion of the manufacturing process. 

There is a formula, attributed to Johnson, which predicts 
the minimum amount of noise achievable in any circuit 
(Fig. 2). This is expressed as follows: 


fi 
V?=4KTR | df 


fe 


where V = noise voltage in microvolts. 
K = Boltzmann’s constant. 
T = absolute temperature. 
R= resistance in ohms. 
f, and fe are the hf and lf limits of the band under 
consideration. 


This formula can be modified to read as follows: 


V? = 4KTRF 


where F is the bandwidth under consideration, assuming 
uniform frequency response across the band of frequencies. 
It can also be written 


BATES KEIM 


V? = 4.2V RW 
where R = resistance value in megohms. 
W = bandwidth in kilocycles per second. 


Cracked-carbon resistors do not produce noise greatly in 
excess of this value. It should be pointed out here that the 
Johnson formula predicts the minimal noise of a component 
in a circuit, without being under load. When carrying cur- 
rent, a deposited-carbon resistor of good quality will con- 
tribute no more than three times this minimum value. 

To the uninitiated a mere statement of noise voltages con- 
veys little meaning. The specific values determined from 
experience carry a greater meaning of what circuitry can 
be designed to produce. Accordingly a high-gain amplifier 
was constructed of selected components, so designed that 
of itself it would indicate little noise voltage on the rectifier 
meter used as the output load. The input to the amplifier 
through an excellent mica condenser was taken across a 
l-meg resistor, which was itself carrying 300 v. The noise 
figures as read on a 0-300 scale were of the following order: 


Input Resistor (Always 1 Meg) Noise Reading 


Wirewound 

Deposited-carbon 

Best selected molded* 
Average molded 

Very widely advertised molded 


5-7 
20-30 
100-150 
150-225t 
200-300 


* Selected from a group of identical make to obtain the best 
noise figure. 

t These figures from the rejects yielding the next lower noise 
figure. 


A shield was placed over the tested resistor, preventing 
pickup on external fields and thus eliminating ac pickup at 
this high impedance. The superiority of the cracked car- 
bons is immediately apparent. 

Now we shall discuss the cost of such a step in this design 
problem. Whereas wirewound resistors formerly were em- 
ployed at a cost of approximately $5.00 for 1-meg units, 
the deposited-carbon resistors will cost about 12-15 cents 
each, even in purchases of moderate quantity. This is high 
for the user of molded resistors, but low enough when the 
improvement in performance and the freedom from inspec- 
tion difficulties and servicing complaints are considered. 

No paper on this subject would be complete without men- 
tion of potential advances to be made. Every manufacturer 
has his own developmental program to constantly improve 
the quality of his product. Refinements in manufacturing 
techniques will widen the range of resistors available at 
closer tolerances as the consumer demand increases. The 
economic factors are those of decreasing cost, of increasing 
consumption, and of finding a market for the rejects (inade- 
quate performance value after spiraling) and the defectives 
(imperfections in manufacturing techniques). 

Recently references have been made in the technical press 
relative to a new pyrolytic resistor, in which boron is added 
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to the firing of the carbon. Claims for this new component 
are glowing, but tests of several batches of samples show 
that the improvement is confined to the temperature co- 
efficient alone, and that the cost of manufacture is materially 
increased. Therefore, it will remain for the user to determine 
whether he is willing to pay the added cost of a lower co- 
efficient of temperature variation. In the audio field there is 
no apparent need for the boron-carbon resistor, except in re- 
sistance-capacitance networks in memory circuits, in which 
the temperature coefficient of the combination as a circuit 
element must remain stable. So far, no maker of capacitors 
will deliver components with a stability approaching that 
of the cracked-carbon resistor. Another shortcoming of the 
boron-carbon resistor is its apparent inability to produce 
values in excess of 500 kohms. 

It should be pointed out that the best components of 


deposited-carbon resistors still come from Europe, where 
long years of experience have given manufacturers a decided 
advantage. American firms cannot as yet deliver com- 
ponents which will stand up in comparison with the imports 
currently being received from England and Germany. These 
remarks are based on the findings of two widely known re- 
search laboratories in America which have independently 
come to the same conclusion—the American producers have 
had insufficient time to overcome the technical difficulties 
of manufacture. Although they can produce individual 
batches of resistors that are satisfactory, their overall pro- 
duction cannot compare with the imported product. 

The author wishes to express his appreciation to R. H. W. 
Burkett, of England, for his assistance in providing some of 
the technical data and for his many helpful suggestions 
concerning this paper. 
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Electrolytic Capacitors, Why and When 


Marx VAnBuskKIRK 
P. R. Mallory & Co., Inc., Indianapolis, Indiana 


This paper will present a discussion of the following subjects: the fundamentals of electrolytic 
capacitor applications; the use of electrolytic capacitors in power-supply circuits, including selenium 
rectifier and voltage multiplier circuits; filament supply filtering with electrolytic capacitors; and 
the use of electrolytic capacitors in dividing or crossover networks. 


HE why of electrolytic capacitors is economic, and the 

when is a problem of application. Electrolytic capacitors 
are used to save money, space, and weight, but these savings 
are obtainable only in applications where these capacitors 
will give the desired performance. 

An electrolytic capacitor may profitably be employed 
whenever the limitations of the associated circuitry are not 
more restrictive than the limitations of the capacitor. Paper 
capacitors with oil or wax impregnation may be employed 
under somewhat less stringent limitations than electrolytic 
capacitors. Nonetheless, the fact that electrolytic capacitors 
give satisfactory performance in a broad range of applica- 
tions is proved by the quantity used annually, which prob- 
ably exceeded 100,000,000 units for 1952. 

The fundamental characteristics of electrolytic capacitors 
must be considered in determining when an electrolytic 
capacitor is the proper choice for a specific application. 
Basically, electrolytic capacitors are devices which provide 
a relatively large capacitance in a relatively small volume. 
Depending on voltage, 5-10 pf is ordinarily the minimum 
capacitance manufactured; but values down to 1 pf may 


be obtained with some sacrifice in volumetric efficiency. The 
variation in capacitance of a production lot of electrolytic 
capacitors may be from 90% to 200% of the rated value 
for low-voltage types (to 150 v), and from 90% to 150% 
for higher-voltage types. An electrolytic capacitor should 
not be operated at a voltage greater than its rating. For best 
results, capacitors with voltage ratings of less than 450 v per 
section should be used. Single-section electrolytic capacitors 
of higher ratings are available, but these ratings are obtained 
at the sacrifice of some other desirable characteristic. There- 
fore, for high-voltage operation the best plan is to use two 
capacitors connected in series. For example, 20-yf 600-v 
operation is obtained with two 40-»f 300-v capacitors in 
series. During a short warm-up period, these capacitors can 
withstand any voltage up to maximum surge voltage. 

The power factor of an electrolytic capacitor may be 5% 
or even lower on high-voltage capacitors, and as high as 
50% on low-voltage capacitors. The dc leakage ordinarily 
ranges from a fraction of a milliampere up to 4 or 5 ma at 
rated voltage. In megohms for | pf, this represents approxi- 
mately 10-30 meg. Electrolytic capacitors decrease in 
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Fig. 2. Half-wave selenium rectifier doubler. 
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capacitance and increase in power factor as they are cooled 
below room temperature, becoming inoperative at some 
temperature below freezing. 

Finally, the effect of heat on electrolytic capacitors must 
be considered before the capacitor for a specific application 
can be chosen. The capacitor is heated up by the surround- 
ing air, by the power loss of the dc leakage, and by the 
power loss accompanying either ripple current flow or charge 
and discharge current. Electrolytic capacitors ordinarily 
operate satisfactorily at temperatures up to 185°F, but 
much longer life is obtained at 150°F or at lower tempera- 
tures. 

One of the common applications in which electrolytic 
capacitors are used is the filter circuit of a de power supply 
(in the voltage range of electrolytic capacitors) fed by 
rectified alternating current. The use of a transformer and 
a vacuum-tube rectifier, followed by a filter circuit employ- 
ing electrolytic capacitors, has been popular for many years. 

Recently a great quantity of transformerless dc power 
supplies employing selenium rectifiers has been manu- 
factured for use on 110-v 60-cps ac lines. Half-wave 
circuits are used directly or in doubler and tripler circuits. 
The symmetrical doubler is used also. The electrolytic 
capacitor is an important component in these circuits, be- 
cause large capacitances are needed to deliver the load 
currents demanded by many present-day devices. 

The half-wave rectifier is a standard power-supply circuit. 
Figure 1 shows a schematic of such a circuit. The protective 
resistor is mandatory. It prevents excessive current flow at 
the instant that the circuit is energized. Excessive current 
flow will break down or short-circuit the selenium rectifier 


and will impress 60-cps ac power on the other circuit com- 
ponents. Selenium rectifiers are available in a wide range 
of current ratings, from less than 50 ma to more than 400 
ma. The first filter capacitor, C;, may have a low capacit- 
ance for a low current output and may be as large as 400 
wf for higher current output. The capacitance must be high 
enough so that the capacitor is not overheated by the ripple 
current. The regulation of the circuit permits capacitors of 
150-v de rating to operate successfully under continuous load. 
The remainder of the filter circuit is conventional. The dc 
output voltage is approximately the same as that obtained 
with a vacuum tube in place of the selenium rectifier. 

The half-wave or series line doubler is used for dc output 
voltages of 280 v or less. Figure 2 shows this circuit with 
selenium rectifiers. Each rectifier must have a current rating 
at least as great as the dc load. In this circuit, the series 
line capacitor, C,, charges on one half-cycle. On the other 
half-cycle, the line voltage is added to the voltage on C;, 
thereby applying doubled voltage to the filter circuit. All 
capacitors are of dc type or polarized. C, usually has a 
150-v rating; C2 and C; must then have 300-v ratings. The 
Mallory FP (Fabricated Plate) electrolytic capacitor has 
given excellent performance in the severe application of the 
series line capacitor. The half-wave tripler is an extension 
of the doubler and may be used for voltages up to approxi- 
mately 420 v direct current. Three selenium rectifiers are 
used with the necessary electrolytic capacitors in this circuit, 
as shown in Fig. 3. The action of the first two rectifiers and 
capacitors is the same as for the doubler. In the tripler the 
line voltage plus the voltage on C, charges C2; then on the 
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Fie. 5. Simplified crossover network. 


next half-cycle the line voltage plus the voltage on C2 is 
fed into the filter circuit at the same time that C, is recharg- 
ing. This gives the tripled line voltage as the output. The 
electrolytic capacitor dc voltage ratings are usually as fol- 
lows: C,, 150 v; Co, 300 v; C3 and C4, 450 v. 

By the addition of rectifiers and capacitors to the tripler, 
the line voltage may be multiplied by four or even more. 
This extension is accomplished in the same way that the 
doubler is converted to a tripler. 


The symmetrical or full-wave doubler circuit is pictured 
in Fig. 4. This system requires one more electrolytic 
capacitor than the half-wave doubler. However, the full- 
wave doubler has less ripple on the capacitors for a given 
load, and the ripple is 120 cps instead of the 60 cps 
of the half-wave doubler. This circuit is essentially two 
half-wave rectifiers with the capacitors C, charged on 
opposite half-cycles and then operated in series. These two 
capacitors C, should have identical ratings, usually 150 v 
direct current; then Cs and C; are rated at 300 v. 

The advantages of these circuits illustrate the basic why 
of electrolytic capacitors—satisfactory performance at low 
cost. Also, great adaptability is obtained. As an example, 
a relatively small stock of selenium rectifiers, resistors, and 
electrolytic capacitors can be maintained so that within 
an hour any dc power supply in a wide range of voltage and 
current outputs may be built to operate from a 110-v 60-cps 
line. These circuits may, of course, be operated from other 
voltages and frequencies within the range of the components. 

Electrolytic capacitors are often used for filtering rectified 
alternating current for the filament supply of vacuum tubes. 
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Fig. 6. Capacitors individually and series-connected. 


Although standard circuits are used, the electrolytic capaci- 
tors often must have rather high capacitances to filter the 
high current being delivered. Capacitances in the thousands 
of microfarads are common for this application. As in other 
applications, the electrolytic capacitor with the proper rating 
must be chosen for satisfactory performance. 

Now let us consider a subject which is important to every 
audio engineer—dividing networks or crossover networks 
for high-fidelity speaker systems. These networks are used 
to divide audio power on a frequency basis for delivery to 
a number of speakers. More than two speakers may be 
used, but this discussion will be confined to the two-speaker 
system. Figure 5 shows a simplified standard crossover net- 
work for two speakers. The audio engineer calculates the 
values of capacitance and inductance to give the perform- 
ance desired in the network. Usually the capacitance of 
at least one of the capacitors needed is in the range of an 
electrolytic capacitor. 
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Fic. 7. Grouping of capacitors to obtain desired capacitance. 


If the correct electrolytic capacitors are used in crossover 
networks, they should give satisfactory performance. The 
followinz points should be watched. First, use a voltage 
rating high enough for the capacitors. Next, use nonpolar- 
ized capacitors. If nonpolarized capacitors are not available 
in the desired capacities, two polarized or dc capacitors of 
twice the calculated capacitance connected back to back 
in series will give a combined capacitance equal to the cal- 
culated capacity. Figure 6 shows the connection. The use 
of two dc electrolytic capacitors connected in this way pre- 
vents overheating of the capacitors by the applied alter- 
nating current in the audio range. The capacity tolerance 
of dc electrolytic capacitors in the proper voltage range 
may be —10% to +100% of nominal; that is, a 10-pf unit 
actually may be as low as 9 pf or as high as 20 pf. It will, 
therefore, be necessary to add shunt trimmers to one capaci- 
tor or the other in order to achieve balance. 
is shown in Fig. 7. 


This trimming 
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Choice of Electron Tubes for Audio Circuits 


W. R. Ayres* 
RCA Victor Division, Camden, New Jersey 


The various requirements of tubes for low-, medium-, and high-level operation are discussed, 


with particular reference to extraneous noise and linearity of amplification. 


Attention is directed 


to characteristics of specific tubes and to advantageous circuit usage. 


EQUIREMENTS OF an electron tube depend upon 

its particular usage, broad classifications being low-, 
medium-, and high-level operation. At low level, important 
requirements are low hum, hiss and microphonics, and rela- 
tively high gain. In interstage application, such as phase 
inverter and final resistance-coupled amplifier, desirable 
features are reasonably small extraneous signal, low plate 
resistance, and high amplification factor. In the power 
amplifier position, one seeks the greatest efficiency and power 
sensitivity consistent with the required linearity of opera- 
tion. 

All these requirements are subject to numerical specifica- 
tion, and fortunately so; art may pose an amplifier problem, 
) but it is science that solves it. Reasoning and experience 
show what quantities are of importance and the extent to 
which they can be maximized and minimized. Good specifi- 
cations take these considerations into account; thus the 
writing of a really good specification requires prior knowl- 
edge of the probable solution. The audio equipment de- 
signer, therefore, could advantageously survey the operating 
characteristics and probable dependability of various avail- 
able tube types and the methods by which circuit design can 
compensate for tube deficiencies. 

The tube alone is not a very useful entity; its value may 
be reckoned entirely from the circuit performance it permits. 
Circuit design, although obviously not offering a complete 
substitute for perfect tubes, probably does represent the 
greatest single limitation upon amplifier perfection. Never- 
theless, an early choice of the appropriate tube is important 
for good end results. 

Extraneous noise problems of hiss, hum, and microphonics 
are most troublesome at the input of a high-gain amplifier, 
where the desired signal may be very small. The minimum 
possible hiss magnitude is the so-called thermal noise, or 
agitation due to resistance in the amplifier source impedance. 
This minimum hiss has an rms value of about 5 ,»v across 
100,000 ohms, as measured at room temperature with a 
13,000-cps bandwidth. This noise voltage increases as the 
square root of the bandwidth, absolute temperature and 
circuit resistance. The tube generates additional “flutter” 
as a result of its own plate resistance and erratic emission 


* Circuit Development Engineer. 


from the cathode. Microphonic disturbances are traceable 
to variation in the spacing between tube elements when the 
tube is vibrated. Hum may be introduced by ac operation 
of the tube heater, by capacity from heater to grid, by mag- 
netic fields about the heater, and by coupling to a cathode 
impedance via the heater-cathode leakage resistance. With 
all tubes, hum due to heater-cathode leakage may be mini- 
mized by operation with cathode resistors adequately by- 
passed, and/or with a heater biasing potential (either posi- 
tive or negative) of 20—50 v direct current. 

The lowest figure currently maintained in a commercially 
available tube is 8 pv or less total hiss and hum, with 
60-cps heater supply. This is with the RCA 1620; with dc 
heater supply, the hiss will be 6 »v or less under the above 
stated conditions. Since for a given input power both noise 
and signal amplitude vary as the square root of the source 
resistance, it follows that signal-to-hiss ratio is independent 
of the source impedance, provided that the hiss thus pro- 
duced is large compared with that generated within the tube 
itself. For best signal-to-noise ratio in the audio band, the 
resistance of the grid circuit should be at least about 40,000 
ohms. With an input tube less quiet than the 1620, still 
higher grid-circuit resistance may be preferable. 

Type 1620 resembles type 6J7 in general construction, 
but manufacturing control and acceptance tests are con- 
siderably more rigorous. Although the 1620 is still the 
standard in certain types of audio equipment, there have 
been great strides in recent years to produce a miniature tube 
of comparable operating characteristics and materially lower 
cost. 

Outstanding among newer types are the 5879 and the 
12AY7. The 5879 is apentode having characteristic curves 
similar to those of type 6J7. The 12AY7 is a twin triode 
with characteristic curves similar to those of the older type 
6A6. Other miniature twin triodes such as the 12AX7, 
the 12AU7, and the 12AT7 have more desirable amplification 
and/or signal-handling capability, but are all inferior from 
the microphonic standpoint. 

In interstage applications and preamplifier output service, 
twin-triode types 12AY7 and 12AU7 serve almost every 
need. Of the two, the 12AU7 handles large signals at lower 
distortion, but the 12AY7 contributes less hiss and hum. 
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Fic. 2. Zero-bias lines for various tubes. 
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Either type can be used in push-pull to give a quarter watt 
or so at low distortion. 


The basic power amplifier problems and their general 
solution may be gained from the following study, with ref- 
erence first to Fig. 1. This is the plate family of a hypo- 
thetical triode with representative load line drawn. In this 
single-ended representation, the slope of the load line is 
negative with a numerical value equal to the reciprocal of 
the load impedance. It is assumed that the load is trans- 
former- or impedance-coupled to the tube. P is the operat- 
ing point, or zero-signal conditions of plate voltage, plate 
current, and grid bias. Alternately adding to and subtract- 
ing from the bias of point P, the path of operation is along 
the load line, to the left for positive grid signals, and to the 
right for negative grid signals. With a sinusoidal grid 
signal having a peak value equal to the bias, the limits of 
plate-voltage excursion are points A and B. Alternating- 
current power dissipated in the load resistance is propor- 
tional to the area of the shaded triangle. 


Distortion in amplification is dependent upon the uni- 
formity of spacing of the grid lines above and below the 
operating point. Almost invariably the grid lines become 
more closely spaced with increasing grid bias. This gradual 
crowding together is characteristic of practical tube designs. 

For distortion reduction, one may place point P at a low 
bias, so that the complete excursion from B to A will be 
along a satisfactorily straight portion of the dynamic charac- 
teristic. This is the so-called class A operation. Although 
obviously highly wasteful of plate current, it is sometimes 
used in low-power applications, such as a preamplifier feed- 
ing a line. 

True class A is seldom used in power amplifiers, as any 
preassigned performance characteristic can usually be met 
more economically with the more efficient classes of opera- 
tion. The slightly over-biased class A; is more popular in 
single-ended power amplifiers, and class AB, for push-pull 
output stages. ABz is only rarely employed in low-distortion 
amplifiers; it is generally more economical from the stand- 
point of the finished design to use additional or larger tubes 
in class AB;. For example, four 6L6’s in AB, will out- 
perform two 6L6’s in AB» and will probably do so at a lower 
overall cost. Similar considerations apply for low-distortion 
combinations up to roughly a 100-w output. 

It follows that tubes capable of great power output in 
practical low-distortion circuits are those with high zero-bias 
lines at low plate voltage. Figure 2 compares several pop- 
ular types in this way. As a common basis for comparison, 
push-pull operation with a 250-v supply is assumed. The 
composite load line for an individual type under considera- 
tion will then pass through 250 v on the plate-voltage axis 
and intersect the appropriate zero-bias line high and to the 
left. 

The full power output capability of type 2A3 (and 
6AS7-G) may be achieved only with rather large input grid 
signal, owing to the low amplification factor of this triode. 
Overall improvement could be had by replacing each 2A3 
with two triode-connected 6L6’s in parallel, which require 
half the input grid signal. This is a consideration quite 
important to overall quality. The triode-connected 6L6 has 
an amplification factor of about 8, a good compromise value 
for a power triode. No particular distinction is made here 
between the 6L6 and the 807; the basic electrode structures 
are almost identical, and for the same life the tubes have 
similar screen voltage and plate-dissipation ratings. 

Recently type 6AS7-G was introduced for regulator and 
deflection damper service. An an audio power amplifier, 
its remarkably low plate resistance permits exceptionally 
high power output with moderate plate voltage. The so- 
called damping factor, however, is equal to the ratio of load 
impedance to output impedance, which implies that low 
plate resistance alone does not assure high damping factor. 
Assuming the zero-bias curves of triodes to be straight lines 
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Fic. 4. Beam pentode, 50% negative feedback. 


PLATE MA. 
8 


coming out of the origin of the plate-current vs plate-voltage 
characteristic, and assuming the other grid lines parallel 
thereto, then for a given operating efficiency the damping 


factor is the same for all triodes, including 6AS7-G. Plate- 
current characteristics for this unusual tube are shown in 
Fig. 3. Note that at the operating point the plate resistance 
is only slightly lower than that of the 2A3. 

An extremely interesting comparison can be made between 
Figs. 3 and 4. The latter is the dynamic plate family of a 
6L6 pentode, in which one-half of the alternating plate 
voltage has been inserted in series with the grid signal in 
degenerative phase. One method of accomplishing this is 
to place half the load in the cathode circuit and the remain- 
der of the load in the plate circuit. With this amount of 
negative feedback, the power sensitivity is reduced to ap- 
proximately that of the 6AS7-G above. But note the low 
plate resistance maintained throughout, and the phenomenal 
improvement in linearity (that is, uniformity of grid-line 
spacing). A similar construction can be made for a 6L6 
pentode with 25% negative feedback, matching the sensi- 
tivity of type 2A3, but with improved linearity. And the 
high power-output capability of the beam power tube is 
retained. 

But with this simple feedback method there is still the 
need for enormous grid signal. With the triode there was no 
alternative. With the pentode, however, the designer has 
the important freedom of applying the sample of output 
voltage to a low-level portion of the amplifier for comparison 
with the input signal. There, additional amplitude can be 


easily provided. Furthermore, the effects of tube-charac- 
teristic changes with life are reduced through the use of 
feedback. 


Whether to apply the magic regulator, negative feedback, 
and how and where, influence the choice of tubes consider- 
ably. It was not until the late 1930’s that negative feedback 
was widely used in electronic equipment, although the prin- 
ciple of deliberate degeneration for output control is at least 
as old as the fly-ball governor of steam engines. There is 
perhaps no simple mechanical device, clearly understood by 
all, in which a technique exactly analogous to feedback in 
audio amplifiers is employed; therefore, much of the basic 
philosophy is not common knowledge. 

In mechanical feedback systems the standard of com- 
parison is customarily a fixed quantity, such as a velocity, or 
a force. In thermodynamics, the system may employ closed- 
loop feedback, with the setting of a thermostat the standard 
against which system performance is continuously compared. 
In electronically regulated power supplies, input signal to 
the regulating means is the difference between a sample of 
the output voltage and some standard potential. 

In a feedback amplifier for audio use, there is the im- 
portant distinction that the standard is instantaneously 
variable. In fact, the input signal itself is the standard 
against which the output signal is continuously compared. 
It is difficult to imagine a more powerful principle. 

But although the basic idea is obvious and although ever 
better, specific means are at our disposal, some old-school 
adherents still contest it as difficult for the casual experi- 
menter to understand and inconvenient for him to handle. 
Complexity itself, however, is no crime. For example, in 
high-quality gasoline engine application, four-cycle rather 
than two-cycle engines are used because they are capable 
of superior performance and despite their being harder to 
understand and more difficult to construct in the home 
workshop. 

Use of negative feedback is not a burden, but rather a 
convenience, like thermostats and fly-ball governors. And 
one need not master the theorem proofs of Routh and 
Nyquist to apply continuous regulation control. 

High quality in a high-power amplifier of low cost is cer- 
tainly an attractive prospect. Before the widespread use 
of feedback, designers resorted to the costly expedient of 
employing very large tubes in the output stage, in order that 
the required power output would be but a small part of the 
full load capability. With feedback, an amplifier can be 
operated with much improved characteristics; or, to meet 
given specifications, a more economical amplifier can be built. 
Therefore, this method of improvement of amplifier linearity 
and stability is not only of academic interest to the per- 
fectionist but of real economic importance as well. 

Feedback is not just an incidental circuit method but an 
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important first consideration indicating an entirely different 
viewpoint on choice of tubes and possible amplifier per- 
formance. The striking comparison of a stabilized 6L6 with 
a 6AS7-G showed how the stabilized pentode, with matching 
power sensitivity, has lower average plate resistance and 
greatly improved linearity over the triode. In circuits per- 
mitting its use, the stabilized pentode as a starting point is 
a design tool of unparalleled usefulness. Though overall 
feedback may be used with either triode or pentode output 
stages for further improvement here and to reduce deficien- 
cies of preceding stages, the stabilized pentode has made 
possible some performance characteristics that could hardly 
be matched by triodes at comparable cost. 

Actually, both connections may be used in contemporary 
amplifiers of top quality. Amplifiers of greatest commercial 
success employ type 6L6 (the 807 and the British KT66 
are very similar) or the smaller type 6V6 in the output stage. 
Even among designers who have evaded certain output trans- 
former inconveniences by using triodes, very-low-mu varie- 
ties have passed into relative disuse. Undoubtedly the 
reason is that new low distortion goals have made the pre- 
ceding stage an even more annoying problem, frequently 
representing the weak link in the chain. Ordinarily, how- 


ever, the 12AU7 is satisfactory, overall feedback reducing 
its distortion adequately. 

For a distortion rating of 1% or lower at full output, it is 
usually necessary to extend negative feedback of some sort 
toward the amplifier input, until the signal required is not 
larger than about a volt. Particularly ahead of that point, 
hum and noise are usually bigger problems than distortion, 
and the signal-handling capability of type 1620, 5879, or 
12AY7 is more than adequate. In subsequent circuits, the 
12AU7-6L6 lineup, or very slight variation thereupon, is a 
highly useful combination for the monitor range up to about 
a 30-w output. For a 10-w output, a push-pull 6V6 output 
stage is an economical choice and very popular in commercial 
equipment. Countless other output combinations have been 
proposed for design convenience, but it would be difficult 
to prove operational superiority by laboratory measurement. 

Besides having the required performance characteristics, 
good designs are free of undesirable conditions such as ex- 
cessive voltages during warm-up, dependence upon balanced 
tubes, excessive grid-circuit resistances, and general opera- 
tion of tubes outside of manufacturers’ ratings. Unusual per- 
formance based simply upon misuse of tubes is sometimes of 
academic interest, but it has no place in practical equipment. 
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Review of New Printed Circuit Development and Audio-Frequency Applications 


Artuur W. 


Ketty, Jr.* 


Photocircuits Corporation, Glen Cove, New York, New York 


After a brief résumé of the photoetching technique of production, the application and limitations 
of printed circuits in af equipment are discussed. New developments in material, components, 
soldering, hardware, and packaging are also summarized. The review ends with an evaluation of 
the relative merits of printed circuits vs conventional wiring from both the engineering and cost 


viewpoints. 


IT WORTH WHILE for audio engineers to incorporate 

printed circuits in their designs today? When it is con- 
sidered that, by dip soldering a printed circuit chassis, 
hundreds of solder connections can be made in a single opera- 
tion and the danger of cold solder joints can be eliminated, 
the answer becomes obvious. We cannot afford not to do so! 

The following is a brief outline of the present stage in the 
development of this revolutionary replacement for complex 
and costly electronic wiring. 

A printed circuit, in its broadest sense, is any circuit 
configuration that can be manufactured by a process which 
reproduces a conductive design upon an insulating surface. 
This includes printed conductors and printed conductors with 
their associated printed components. 

Although many methods of production have been devised, 
the technique of etching metal foil-clad plastics is by far 
the most widely practiced. In this technique, the desired 
pattern is printed with an acid-resistant ink, paint, or enamel 
on metal foil which has been bonded to one or both sides of 
a plastic sheet. The unwanted foil is then etched away in 
acid, leaving the circuit pattern desired. The Photoetching 
process produces designs most faithfully with the greatest 
degree of definition (Figs. 1, 2, and 3). 

Many manufacturers have utilized printed circuits to pro- 
duce low-cost audio amplifier chassis and ac-dc radios similar 
to Motorola’s new table-model receiver. Much interest has 
been stimulated recently as a result of the availability of 
both seven- and nine-pin printed circuit miniature tube 
sockets especially designed for dip soldering. Now, with 
these sockets and conventional components assembled on oie 
side of a printed circuit board the entire assembly may be 
dip soldered in a single operation. The outstanding ad- 
vantages that printed circuits offer in these particular appli- 
cations are ease of assembly and ease of inspection. This 
is true since, with the printed circuit, components are geo- 
metrically positioned instead of being grouped in rats’ nests 
around each tube socket as in a conventional chassis. This 
also helps the service man to trace troubles in substantially 
less time than in conventional assemblies. Of course, the 


* Applications Engineer. 


Fic. 1. Prior to photography, cireuit is drawn several times de- 
sired size in black ink on white background. 


economy derived in a single soldering operation not only 
reduces the soldering time pér unit in assembly but also 
shortens the length of the assembly line, thus yielding more 
space for other functions. Figures 4 and 5 show an example 
of printed circuits applied in the radio industry. 

Hearing-aid manufacturers can take advantage of extreme 
miniaturization made possible by printed circuits and printed 
components. 

Computers are being made more economically through the 
use of dip soldering of printed circuit subassemblies. The 
more important problem of reliability is partially solved, 
however, since cold solder joints are eliminated and uni- 
formity from one circuit to the other is assured. 

All the features of printed circuits mentioned so far will 
soon be incorporated in many products of the precision 
instrument industry. Here miniaturization of portable 
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Fic. 2. Developed sheet of multiply-reproduced copies of copper 
on laminate. 


equipment as well as reliability and economy are important. 

Recently Photocircuits Corporation developed a produc- 
tion method for producing printed circuits on flexible sup- 
ports such as phenolic-impregnated glass cloth or ethoxyline- 
impregnated glass cloth. This development solves the prob- 
lem of making circuits conform to curved surfaces (Fig. 6). 

Flush commutators and wiping switches are now available 
on phenolic bases with or without a melamine surface. The 
copper pattern is plated with nickel for durability and 
rhodium for corrosion protection. Switches of this type have 
been known to last upwards of ten million revolutions. Other 
types of metal platings are available, depending upon the 
application, but the aforementioned offers the best long- 
wearing characteristics. 


General Elextric has just announced the development of 
an intercunnector for printed circuit boards under the trade 
name of Novacon. This connector was designed to make 
multiple connections from one printed circuit board to 
another or from cabling to the printed circuit. The printed 
circuit board is plugged into this connector and then me- 
chanically held by a clamping action. 

Early in 1953 Photocircuits Corporation expects to make 
sample printed resistors available to the industry for evalua- 
tion prior to making production commitments. Printed 
%4- and ¥4-w resistors will have tolerances of 10% and 
ohmic values ranging from 100 ohms upward. These re- 
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Fic. 4. Front view of a table-model radio with printed circuit 
chassis. 


sistors, which are the result of almost two years of research, 
will meet JAN-R-11 specifications. 

To summarize, we can state that engineers are finding 
applications for printed circuit in almost every type of 
electronic device. In audio equipment it becomes apparent 
that greater uniformity, reliability, and miniaturization 
normally result from printed circuit designs. With the use 
of printed resistors and switches, component costs will be 
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Fig. 5. A view showing construction of printed circuit radio. 


reduced considerably. Finally, assembly and inspection 
times are cut sharply when whole assemblies can be dip 
soldered in one operation. 

The charge for six unfabricated printed circuit samples of 
approximately 20 in.* each on 1/16-in. phenolic is about 
$20.00. In mass production quantities, the cost of printed 


circuits is extremely low. Prices for completely fabricated 
circuits on one side of 1/16-in. phenolic range from 3 cents 
to about 14 cents per square inch. 


Fie. 6. A printed circuit on a sheet of impregnated cloth. 


A cutoff filter network serves as a fine example of the 
economies derived through the use of printed or etched cir- 
cuits. One filter containing six coils and four capacitors 
would cost at least 60 cents if assembled with conventional 
wires and components. With all conductors, inductors, and 
capacitors produced in printed circuit form the circuit size 
could be cut to 1%” x 3” x 0.01" and the cost reduced from 
60 cents to about 25 cents in mass production quantities. 
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Measurements 


H. H. Scorr 


Hermon Hosmer Scott, Inc., 


Cambridge, Massachusetts 


This paper will show that IM measurements serve as a basis for correlating measured values of 
nonlinearity with subjective listening tests. Distortion resulting from intermodulation is more 
annoying than that due entirely to harmonics, and the IM method is shown to measure hf distor- 
tion—an impossibility with harmonic methods of analysis. Two types of IM measuring methods 
are described, and the advantages of each for certain types of component measurement are pre- 


sented. 


1. AIM 


lana FINAL criterion of performance in any sound-re- 

producing system is the satisfaction afforded. The 
reproduced sound must closely approximate the listener’s 
conception of the original sound. To this end, fundamental 
requirements dictate that not only must the reproducing 
system cover the audible range but it must do so without 
adding extraneous components dissimilar in character to the 
original sound. 


Manufacturers, dealers, and buyers of high-fidelity equip- 
ment all require a simple, understandable system of rating 
the performance of equipment and making comparison be- 
tween competing designs. Such a rating system is of little 
use unless the ratings correspond with what is actually heard. 

Methods for measuring and rating bandwidth or frequency 
range have been standardized for many years and are gen- 
erally accepted. Unfortunately, the same cannot be said 
for methods of rating instantaneous amplitude distortion 
resulting from nonlinear elements in a system. This factor, 
referred to as “amplitude” distortion, “nonlinear” distor- 
tion, “harmonic distortion,” or just “distortion,” is often 
the most important factor contributing to lack of realism 
in present-day high-fidelity systems. 


What is badly needed, therefore, is a single figure or group 
of figures that may be used to describe linearity of a re- 


producing system or component. In class A amplifiers, for 
example, where any nonlinearity decreases at low signal 
levels, a mere statement of the signal level for an acceptable 
degree of distortion is adequate, since it can be assumed 
that at lower levels the distortion will be even less. In more 
complicated systems, where the distortion may increase at 
low levels or in certain frequency ranges, further informa- 
tion is required to present the entire picture. It is highly 
desirable, however, to present the information in the simplest 
form possible to avoid confusion. 


History 


At one time, 5% or even 10% harmonic distortion was 
considered quite acceptable and “unobjectionable.” Distor- 
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tion of this order of magnitude in an amplifier is seldom 
present except when the unit is actually overloading, under 
which conditions the distortion increases rapidly for 
slight increases in level. A rating of this sort, there- 
fore, is of little value except to determine the actual over- 
load point. Additional output power is then achieved only 
by distorting the wave form into an approximation of a 
square wave. Some RTMA standards have actually rated 
home radio receivers on this basis, namely the maximum 
possible power output without regard to distortion. 

Such standards are, of course, completely unrealistic for 
dealing with true high-fidelity reproduction. Examination 
of current specifications on high-fidelity amplifiers of profes- 
sional quality indicates that the harmonic distortion at full 
rated output is often at least ten times better than these 
old standards in terms of percentage, which means that the 
actual power of the generated harmonics has been reduced 
by a factor of more than 100 to 1. 


Manufacturers of pickups and speakers are more reticent 
about citing distortion figures, and well they might be, since 
distortion measurements on these products are considerably 
more complex. However, on all units, distortion has been 
reduced to a point which would have been considered practi- 
cally perfect a few years ago. 

Why, then, is present-day sound reproduction still im- 
perfect? The mere attainment of a wide frequency range 
is today a relatively simple matter, although with some 
transducers lack of smoothness is still a limiting factor. 
Phase distortion, little understood and generally relatively 
unimportant except in long transmission lines, is often 
blamed. Speaker damping, which actually, in the present 
state of the art, is more a problem of the speaker designer 
than the amplifier designer, has also been blamed. The 
usual limitation of monaural listening undoubtedly detracts 
from realism, but this is not distortion but rather a funda- 
mental limitation of the monaural system. Nevertheless, 
in spite of all the improvements that have been made, it 
seems safe to state that at the present time instantaneous 
amplitude nonlinearity is the factor most responsible for 
causing distortion and lack of realism in the reproduction of 
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music. It is rapidly becoming recognized that the offender 
in this regard is not harmonics but the nonharmonic com- 
ponents accompanying the so-called “harmonic” distortion. 


How Serious Are Harmonics? 


The author was for many years associated with a leading 
manufacturer of electronic laboratory equipment and in 1944 
made a number of experiments with synthesized musical 
tones in an effort to determine tolerable levels and types of 
distortion. In these tests, a large number of af oscillators 
were used to simulate musical tones of various harmonic 
structure and various combinations of tones. The work 
was necessarily limited in scope, but a general conclusion 
was drawn that, when 1% of any harmonic or harmonics 
was added to a steady musical tone, the result could gen- 
erally be detected, particularly on an A-B basis, but that 
for annoying changes in quality the addition of harmonics up 
to 10% or more was required. At very low frequencies the 
ear was even more tolerant of the addition of harmonics. 
This also seemed true at very high frequencies, although 
results there may have been influenced by the decreasing 
sensitivity of the average ear and by failure of then-current 
reproducing equipment to reproduce very high harmonics 
properly. 

These figures are not at variance, however, with the old 
standard that 5% or 10% was a tolerable value for har- 
monic distortion, provided, however, that only harmonics 
are considered. It has since appeared that German investi- 
gators' at an earlier date had come to very similar con- 
clusions. The same does not hold for nonharmonic distor- 
tion components. Since they differ from the normal com- 
ponents of the music and are generally discordant, these are 
not only detectable but generally annoying at a 1% level. 
Von Braunmuhl and Weber in 1937 considered 3% or 4% 
of beat-tone distortion as objectionable. With systems of 
wider range, this author in 1944 considered 1% objection- 
able, and today standard tolerances on many high-fidelity 
units impose a limit five to ten times more stringent than 
this. This, therefore, is one type of distortion which has 
become iacreasingly serious as frequency range has been 
widened. 


2. ADVANTAGES OF INTERMODULATION 
MEASUREMENTS 


In an effort to find some type of measurement more closely 
comparable with listening tests, various types of intermodu- 
lation measurements have been adopted in different branches 
of the communications industry. Intermodulation is de- 
fined by the Institute of Radio Engineers* as “the produc- 


1H. J. von Braunmuhl and W. Weber, Uber die Storfahigkeit 
nichlinearer Verzerrungen, Akust. Z., 2, 135-147 (May, 1937). 

2 Institute of Radio Engineers, Standards on Radio Receivers, p. 5, 
1938. 


tion, in a nonlinear circuit element, of frequencies corres- 
ponding to the sums and differences of the fundamentals 
and harmonics of two or more frequencies which are trans- 
mitted through that element.” Although originally written 
with reference to rf interference, this definition is equally 
appropriate for present audio applications. Simple sum 
and difference components are not the only resulting dis- 
tortion, which may include, although generally at lower per- 
centages, any conceivable sum and difference combination 
of any and all harmonics and fundamentals of all applied 
frequencies. With only two applied sinusoidal tones, how- 
ever, the beat-tone distortion is easily detected by ear. 
When those tones are musical tones already containing ap- 
preciable harmonics, the result is even more serious. When 
the signal is composed of a multitude of musical tones, as 
with a full orchestra, the total number of distortion com- 
ponents is almost beyond comprehension. Fortunately in 
such a case, the very complexity of the original wave form 
tends to mask some of the distortion, but the result is the 
“muddiness” generally associated with poor reproduction. 


Various means have been suggested for measuring the 
nonharmonic components attendant upon so-called “har- 
monic distortion,” and all this distortion has been considered 
under the general term “intermodulation.” Intermodulation 
measurements are not new. They were first adopted in this 
country as a practical commercial procedure in the motion 
picture industry*+* for the processing of film. Other 
methods were used earlier in Europe. 


The logical basis for IM measurements is that the dis- 
tortion components being measured are those most responsi- 
ble for the annoying quality of the distortion. All IM 
measurements are alike in that two sinusoidal tones are 
applied to the equipment under test, and distortion com- 
ponents having no harmonic relationship to these original 
tones are measured. The logic of this reasoning cannot be 
denied, but there is yet no general agreement in the industry 
as to which type of IM measurement is the most valuable. 


In so far as some types of IM measurements merely cor- 
relate with harmonic measurements, they are of neither 
more nor less value than harmonic measurements. Warren 
and Hewlett’ pointed out in 1948 that, under certain con- 
ditions, some IM measurements bear a distinct relationship 
to harmonic measurements. Under even these conditions, of 


3 J. G. Frayne and R. R. Scoville, Variable-Density Recording, J. 
Soc. Motion Picture Engrs., 32, 648-673 (1939). 

4 John K. Hilliard, Distortion Tests by the Intermodulation Meth- 
od, Proc. Inst. Radio Engrs., 29, 614-620 (1941). 

5 American Standards Association, Z 22.51-1946, American Stand- 
ard Method of Making Intermodulation Tests on Variable-Density 
16-Millimeter Sound Motion Picture Prints, J. Soc. Motion Picture 
Engrs., 46, 303f (1946). 

6G. W. Read and R. R. Scoville, An Improved Intermodulation 
Measuring System, J. Soc. Motion Picture Engrs., 50, 162-173 (1948). 

7W. J. Warren and W. R. Hewlett, An Analysis of the Inter- 
modulation Method of Distortion Measurement, Proc. Inst. Radio 
Engrs., 36, 457-466 (1948). 
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course, the IM measurements may often be justified on an 
economic basis, namely that available test equipment is less 
expensive than for harmonic measurements. 

There are other cases, however, where IM measurements 
provide results that cannot be duplicated or approximated 
by any other method. As a practical matter, commercial 
wave analyzers do not operate at very high audio fre- 
quencies, although certain types of “distortion meters” which 
measure all the harmonics do. Even in such cases, har- 
monics falling above the upper range of the system being 
measured will be attenuated or eliminated entirely. The 
attendant IM products, in particular the beat tones falling 
at lower frequencies, will not be attenuated. In fact, in 
systems involving pre-emphasis and de-emphasis, they will 
actually be exaggerated, as has been demonstrated by Peter- 
son.® 

Such distortion is most annoying in FM broadcast sys- 
tems. It also remains, in the opinion of this writer, as the 
most annoying distortion present in commercial long-playing 
and other phonograph records, many of which are other- 
wise surprisingly good in quality. 

By means of IM techniques, therefore, it is possible to 
detect a type of distortion undetectable by any other known 
means, and furthermore a type of distortion which is ex- 
tremely annoying and serious in a high-fidelity system. 

Intermodulation measurements, therefore, are at present 
divided roughly into two parts, one quite widely used with- 


out, however, any general standardization either of equip- 
ment or techniques, and the other largely overlooked, al- 
though it in fact provides results obtainable by no other 
means. 


3. TYPES OF INTERMODULATION MEASUREMENTS 


The term “intermodulation,” therefore, means all things 
to all men. In the hope of inducing discussion which will 
prove helpful and beneficial to the industry in the interests 
of standardization, the writer hereby presents his own com- 
ments based upon his observations and experience with IM 
measurements over a period of years. 


Modulation Meters 


Since intermodulation is the modulation of one tone by 
another, a simple and obvious way to measure it is to meas- 
ure the actual per cent modulation with a device similar to 
that for measuring amplitude modulation of broadcasting 
Stations but, of course, operating at an audible frequency. 
This method of testing, first used commercially by the So- 
ciety of Motion Picture and Television Engineers, has been 
commercialized in a number of so-called intermodulation 

8A. P. G. Peterson, The Measurement of Non-Linear Distortion, 


presented at the Convention of the Institute of Radio Engineers, 
March, 1949 (Gen. Radio Tech. Publ. B-3). 


meters which differ in minor details but operate on the same 
fundamental principle. For this type of testing, two tones, 
one hf tone generally in the region between 3,000 and 10,000 
cps, the other a If tone generally in the region between 30 
and 100 cps, are applied simultaneously to the equipment 
under test. The If tone is at a comparatively high level, and 
the hf tone at a comparatively low level. The output of the 
equipment under test is then passed through a high-pass 
filter which removes the If tone. The remaining modulated 
hf tone is rectified, and the depth of modulation is measured 
with a vacuum-tube voltmeter or similar device, exactly as 
in a broadcast station. 

Most IM meters of this type include the necessary tone 
sources as well as the measuring circuits, so that a compact, 
single instrument is available to make IM testis. Since this 
instrument often sells for less than a high-quality, low- 
distortion oscillator plus a wave analyzer or high-grade dis- 
tortion meter, it presents an obvious economic advantage. 

The first practical application, as previously mentioned, 
was in the exposure and development of motion picture 
sound tracks. In this, the system seems to have been 
eminently successful. This same type of measurement has, 
in recent years, been applied to other devices, including 
transformer amplifiers, pickups, loudspeakers, etc. In asses- 
sing the value of this type of IM measurement, it should be 
borne in mind that all intermodulation is accompanied by 
harmonic distortion, and, conversely, that all harmonic dis- 
tortion is accompanied by intermodulation, provided that 
more than one musical tone is present. Aside from matters 
of economics, which are largely determined by the cost of 
available instruments, choice between this type of IM 
measurement and conventional harmonic measurements 
must be based upon a demonstrable improvement in the 
correlation of the measurements with actual listening tests. 

Warren and Hewlett’ have demonstrated that, where the 
type of distortion is predetermined, measurements of this 
type correlate closely with harmonic measurements, and it 
has even become generally accepted in the industry that in 
conventional systems this type of intermodulation will equal 
approximately four times the harmonic distortion. The 
answer is not as simple as this, however, since in certain 
specialized applications it would appear that there are 
fundamental advantages to this type of measurement, which 
is controlled mainly by If nonlinearity in the system being 
measured. Output transformers, for instance, or any af 
transformers for that matter, can be conveniently checked 
by the modulation meter method. The same is true with 
some loudspeakers and other devices where harmonic dis- 
tortion tends to increase at low frequencies. 

The modulation meter appears to be most useful in check- 
ing those systems where no rectification takes place inherent- 
ly during the distortion process. Such systems are mainly 
those which generate odd harmonics. If, however, the first- 
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order difference tones are present, they are generally the 
most annoying components in the distortion and they do not 
affect the reading of the conventional modulation meter to 
any degree commensurate to the annoyance. For this reason 
it appears that present IM meters are best suited for check- 
ing systems which do not generate this type of distortion, 
such as, for instance, transformers. 

Many proponents of IM meter checks have pointed out 
the close correlation with harmonic measurements. This 
would seem to be pointless except when a lower-priced sub- 
stitute for harmonic measuring of equipment is concerned. 
What is really needed, however, is not something that will 
approximate harmonic measurements but something that 
will show a closer correlation with the listener’s evaluation 
of distortion. 

Let us examine what intermodulation of high frequencies 
by low frequencies actually is like. At low IM levels the 
effect is an apparent increase in the If response. As the 
intermodulation increases, the result can best be described 
by saying that the low frequencies become more overpower- 
ing and seem to mask the high frequencies more than normal- 
ly. At extreme levels of this type of intermodulation the 
result is a distinct roughness. 

This type of intermodulation, however, is present to a 
large degree in many low-priced reproducing systems and 
is not always recognized by the listener as “distortion.” For 
instance, many small or low-priced loudspeakers are de- 
liberately designed to produce this type of distortion and 
thus increase the apparent bass response. Some of the 
confusion in assessing tolerable limits for this type of dis- 
tortion can be shown by the fact that various writers'.®.1°."1,2 
have given values ranging from 3% to 85% as tolerable. 
Some of this may be accounted for by the different band- 
widths of the systems used at the time of the tests, but some 
of it is also doubtless the result of the fact that in the ear 
low frequencies tend to mask high frequencies so that differ- 
ent individuals assess more or less of the intermodulation to 
normal masking. 


It seems, therefore, that there is no general agreement 
regarding the tolerable distortion as measured by an IM 
meter. There is also no high degree of standardization be- 
tween manufacturers of the measuring equipment concern- 
ing the most desirable frequencies, relative signal levels, etc. 
Intermodulation meter measurements are undeniably valu- 
able in measuring systems where the important distortion is 
at low frequencies and does not include rectification—that 


®W. Janovsky, Uber die Hérbarkeit von Verzerrungen, Elek. 
Nachr.-Tech., 6, 421-439 (1929). 

10 T, E. Shea, W. A. MacNair, and V. Subrizi, Flutter in Sound 
Records, J. Soc. Motion Picture Engrs., 25, 403 (1935). 

11S. S. Stevens and H. Davis, Hearing, pp. 110-159, 208-217, 
John Wiley and Sons, New York, 1938. 

12 R. C. Mathes and R. L. Miller, Phase Effects in Monaural Per- 
ception, J. Acoust. Soc. Amer., 19, 780-797 (1947). 


is, it is mainly an odd harmonic phenomenon. Transformers 
are the most obvious items in this category. 

Such measurements are also useful, either as a matter of 
convenience or of lower cost, in many other applications as 
a substitute for measurements of total harmonics, as with 
a distortion meter. Where there is a possibility of the gen- 
eration of first-order beat tones, however, harmonic measure- 
ments made with a wave analyzer whereby the even har- 
monic distortion may be separated from the odd harmonic 
distortion are often more valuable. It appears, therefore, 
that this type of IM measurement is generally a substitute, 
on the basis of convenience or cost, for harmonic measure- 
ments. The IM meter is undeniably a convenient labora- 
tory instrument. 


Beat-Tone Measurement 


The beat-tone type of IM measurement has received less 
attention in this country than the modulation meter type, 
probably because the modulation meter was first promoted 
commercially and received acceptance in a number of ap- 
plications. When the writer first worked with beat-tone 
intermodulation in 1944,)° he was surprised to discover 
that much earlier work along the same lines had been car- 
ried out in Europe, particularly in Germany and Eng- 
land.*-'415 In particular, in 1937, the International Tele- 
phonic Consultative Committee (CCIF)'* had recommended 
the difference frequency test. 

This type of IM measurement aims directly at the primary 
malefactor, the beat tone. 

One original disadvantage of this test was the requirement 
that two separate oscillators be used. Although these could 
be fixed-frequency oscillators, as in the IM meters, the flexi- 
bility of the beat-tone method favors the use of variable 
oscillators, and only recently has a single variable oscillator 
producing two simultaneous tones’? been commercially 
available for this purpose. Unfortunately, such an oscillator 
is still an expensive item, and the wave analyzer required is 
also expensive. 

On the other hand, with this type of test simple fixed- 
frequency analyzers can be used, thus reducing the overall 
cost of the equipment. Furthermore, if the measurements 
were limited to a few frequencies such as are used with the 
IM meter, the equipment cost could be reduced to a com- 


13 H. H. Scott, Audible Audio Distortion, Electronics, 18, 126-131 
(1945); also Proc. Natl. Electronic Conf., 1, 138-145 (1944). 

14 Manfred von Ardenne, Rectification as a Criterion of Distortion 
in Amplifiers, Wireless Eng., V, 52-55 (February, 1928). 

15K. Wilhelm and E. Kettel, A New Method for the Representa- 
tion and Measurement of Non-Linear Distortions (using a Cathode- 
Ray Oscillograph and Two Modulating Frequencies), Telefunken- 
Réhre, No. 6, 24-35 (March, 1936). 

16 CCIF, Document No. 11 of the meeting of the Commission 
Mixte, CCIF/UIR, March 2 and 3, 1937. 

17 A. P. G. Peterson, An Audio-Frequency Signal Generator for 
Non-Linear Distortion Tests, Gen. Radio Experimenter, (August, 
1950). 
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parable figure. Unfortunately, no manufacturer has seen 
fit so far to manufacture this type of low-cost equipment. 

There can be no question but that the beat-tone method 
of IM measurement provides distortion measurements up to 
the actual cutoff frequency of a system, measurements which 
cannot be duplicated by any other method. The author’s 
experience is admittedly limited mainly to the type of prod- 
ucts with which he is most familiar, namely, amplifiers. 
However, it has been his experience that in the average 
high-fidelity amplifier the most audible distortion com- 
ponent is the first-order difference beat tone. This shows up 
in many amplifiers otherwise acceptable and is responsible 
for the annoying squeaks and rumbles that accompany the 
soprano duet or the soprano with flute obbligato. It is also 
responsible for the general discordance associated with 
distorted reproduction of orchestral music. 

A number of commercial amplifiers produce this type of 
distortion at relatively low output levels equivalent to low 
home-listening levels. Peterson,® as well as the author,™ 
has demonstrated that, at least in amplifiers, this type of 
distortion is not readily detected by IM meter measurements. 
In many cases, mere measurement of second harmonics is a 
better index of this type of distortion than an IM meter 
reading. This is not always the case, however, since vari- 
ous factors in amplifier design may cancel harmonics but 
not the beat-tone or difference frequencies. 

In a number of commercial loudspeakers, pickups, and 
phonograph records, this type of distortion is very notice- 
able, even though its actual magnitude is well under 1%. 

In designing amplifiers, therefore, this type of distortion 
should be kept to below 0.2%, as a conservative figure, par- 
ticularly in those frequency ranges where music signals have 
their highest amplitudes. Such limits are easily made in 
commercial practice. 

These facts indicate that the beat-tone type of IM 
measurement has definite value in checking the perform- 
ance of amplifiers and other vacuum-tube circuits as well 
as other transducers, recorders, etc. 

Wherever there is a possibility that the distortion includes 
rectification, as is the case with practically all elements in 
the high-fidelity system except transformers, and particularly 
in the case of vacuum tubes, it is recommended that measure- 
ments of the beat-tone distortion be made. If such measure- 
ments are impossible, measurements of second-harmonic dis- 
tortion are a less satisfactory substitute but nevertheless 
preferable to distortion meter or IM measurements. In 
many systems, however, the second harmonics will cancel 
and the beat tones will not, so only measurements of the 
beat tone themselves will determine to what extent they 
are present. 


4. THE MEANING OF PERCENTAGES 
The actual percentage figures obtained by different dis- 


tortion measurement: are different because the fundamental 
measurements are different. Conventional practice in meas- 
uring harmonics is to express the percentage of the har- 
monic or harmonics, in terms of voltage, to the total signal 
voltage (usually rms). 

Intermodulation meter measurements, on the other hand, 
are exactly like modulation measurements in an AM broad- 
cast station. The percentage represents the depth of modu- 
lation of the hf wave compared to the overall amplitude of 
the modulated wave. Since the modulated wave is at a rela- 
tively low level and the modulating wave (low frequency) is 
at a relatively high level, it is obvious that the degree of 
modulation will generally be larger than the harmonic dis- 
tortion. 

Beat-tone measurements, on the other hand, are like 
harmonic measurements referred to the overall signal. Gen- 
erally such measurements represent the peak voltage of the 
beat tone referred to the peak voltage of the overall signal, 
which is generally composed of two sine waves of equal 
amplitude but of different frequency. This measurement, 
therefore, is in terms similar to the harmonic measurement, 
but the percentage figures are low, since only a single com- 
ponent is measured whereas in harmonic measurements a 
number of components are totaled. The tolerance for this 
type of distortion is also low, since, as previously pointed 
out, the component is nonharmonic. 

The important factor in any type of distortion measure- 
ment is not the absolute magnitude of the readings but how 
these readings vary with the annoyance of the distortion as 
judged by ear. 


5. CONCLUSIONS 


It will be seen that improvements in other factors affecting 
fidelity have necessitated more precise methods of measuring 
nonlinear distortion. Harmonic measurements, IM meter 
measurements, and beat-tone measurements all measure 
specific components resulting from nonlinear distortion. 
Except under predetermined conditions (as with a given 
transfer characteristic), however, one measurement does not 
necessarily bear an exact relationship to another measure- 
ment. 

Modulation meter measurements are particularly well 
adapted to systems involving no possibility of rectification, 
such as transformers. They have also met with wide accept- 
ance in the motion picture industry in the developing and 
printing of sound tracks. In other respects, they are gen- 
erally an acceptable substitute for harmonic measurements 
and in this application present the advantages of greater con- 
venience and lower cost. Their close correlation with listen- 
ing tests is, however, open to question. 

The beat-tone method of IM measurement detects directly 
the annoying discordant difference tone, which in any system 
involving the possibility of rectification is generally the most 
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annoying distortion component. This type of measurement, 
therefore, is ideally suited for vacuum-tube amplifiers and 
for many types of recording devices and loudspeakers which 
do not operate in a completely symmetrical manner. Only 
the beat-tone system allows distortion measurements to be 
made in systems having sharp hf cutoffs. 

In addition to harmonic measurements, we therefore have 
IM meter and beat-tone measurements, but no degree of 
standardization among either manufacturers or users of the 
equipment. If any manufacturer or group of manufacturers 
can carry out the necessary research required to correlate 
listening tests with the vaious methods of measuring non- 
linear distortion, it will be a great and valuable service to 
the industry. Until such a time, however, in the last an- 
alysis, the only “best” test is to listen. 
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The harmonic, heterodyne (CCIF), and intermodulation (SMPTE) methods of distortion 


measurement are examined from a mathematical standpoint. 


It is found that all three methods 


yield equivalent information when properly applied but that the intermodulation method is most 
likely to yield objectively valid results in practical applications. 


pene distortion in a system may be defined, 

rather loosely, as the sort of distortion which causes the 
system to deliver an output containing frequencies which 
are not present in the input to the system. 

Nonlinear distortion may be detected in a variety of ways, 
and three methods are in general use at the present time. 
These are the harmonic method, the heterodyne or CCIF 
method, and the intermodulation or SMPTE method. Each 
method, under appropriate conditions, yields a number which 
is related to the amount of nonlinear distortion present in 
the system under test. The relation is, however, quite 
complicated and is, in addition, different for each of the 
three methods. 

Any consideration of the measurement of nonlinear dis- 
tortion immediately poses two questions: under what circum- 
stances is each of the three measurement methods a valid 
one? And how are the results of the three measurement 
methods related to each other? There is, it appears, an 
extraordinary lack of agreement about the proper answers to 
these questions—particularly about the answer to the second 
one. The present paper is, therefore, a preliminary examina- 
tion of the problem from the standpoint of the mathematics 
involved. 

In order to simplify the analyses, it is assumed that each 
of the measurement methods is applied to a system in which 
all the nonlinear distortion takes place at a single point. It 
is further assumed that the distortion follows the law 


¥Y = K,X + K2X? + K3X* + K,X* + K;X® 


where X is the input to the distorting circuit, Y is the dis- 
torted output from the distorting circuit, and the K’s are 
constants which are independent of the signal level and 
signal frequency. 

A good example of a distorting circuit of this sort is a 
pentode amplifier with constant impedances in the screen 
and cathode circuits. Each of these impedances may be 
either zero (good bypassing at all frequencies involved) or 
non-zero and independent of frequency (resistive, with no 
bypassing at any of the frequencies involved). In this case, 
X is the input voltage at the control grid and Y is the result- 
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ing plate current—both X and Y refer to instantaneous 
values. 


Another good example is a wide-band stage having the 
same gain at all frequencies involved. Here X is the in- 
stantaneous input voltage at the control grid, and Y is the 
instantaneous output voltage at the anode. 

It is now convenient to consider the behavior of a system 
which consists of a single distorting circuit, of the sort de- 
scribed above, followed by a variety of equipment which is 
free from nonlinear distortion. It is assumed that test 


signals are applied directly to the input of the distorting 
circuit, while measurements are carried out on the system 
output signals. 

In the harmonic method, the test input consists of a 
steady single-frequency signal having any desired amplitude 
E and any desired frequency f. The resulting system output 


may contain a dc component as well as alternating com- 
ponents at frequencies f, 2f, 3f, etc. Any of these com- 
ponents may be absent if they occur at frequencies where 
the system gain is zero, and this will normally be the case 
with the dc component. With the distortion law given above, 
where Y involves no power of X higher than the fifth, the 
system output will contain no frequencies higher than 5/. 

Let V, be the amplitude of the output component at the 
frequency nf, as shown in Fig. 1. Each V then depends on 
the input level Z, on one or more of the K’s, and on the 
system gain from the distorting circuit to the output. In 


Input has amplitude E, frequency f 
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output at nf 


v.= 
V,,’ = corrected output at nf 


A, =system gain at f 
Ayn; = system gain at nf 


, 
Corrected ratio for nth harmonic is —— 


1 


Fig. 2 


general, the system gain varies with frequency, and its effect 
is to emphasize some of the V’s and to de-emphasize others. 
Any quantitative discussion of distortion which is based only 
on the V’s for a given input is, therefore, meaningless. 


In order to evaluate the distortion in a way which is inde- 
pendent of variation in the system gain with change in fre- 
quency, it is necessary to work with the corrected output 
amplitudes shown in Fig. 2. Here V,, is the observed ampli- 
tude of the output component at the frequency mf, and V,,’ 
is the corrected amplitude of the same output component. 
The observed amplitude V, is multiplied by a correction 
factor to obtain the corrected amplitude V,,’, and the cor- 
rection factor is nothing more than the ratio of the system 
gain at the frequency f to the system gain at the frequency 
nf. Note that V;’ is, of course, equal to V;. 

Using the corrected output amplitudes, the distortion can 
be described in a quantitative way by giving the corrected 
harmonic ratios for a given input. The corrected ratio for 
the mth harmonic is simply V,’/V;' or, more simply, V,'/V1. 


Each of the ratios depends only on the K’s and on the input 
level. 

The harmonic method gets into trouble near the upper 
frequency limit of any system, and in a narrow-band system 
it cannot be used at all. This is not because of difficulty in 
handling the data—the use of corrected output amplitudes 
takes care of that—but because the data cannot be obtained. 
At frequencies well outside the pass band of a system, it is 
difficult to measure the system gain with any accuracy and, 
more important, the observed amplitudes of the higher har- 
monics cannot be determined because they are lost in the 
noise. 

The heterodyne method, the CCIF method, is superior to 
the harmonic method, since it can be used close to the upper 
frequency limit of a system. In this method, the test input 
consists of two steady single-frequency signals, one at any 
desired frequency f and the other at a slightly higher fre- 
quency (f + d). Both signals must have the same ampli- 
tude EZ, which may have any desired value. The upper por- 
tion of Fig. 3 shows the composition of the output signal 
from the system. It contains both input signals, harmonics 
of both input signals, and a variety of heterodyne products. 

Fortunately, it is not necessary to measure the amplitudes 
of all the output signal components. All necessary informa- 
tion can be obtained by measuring the amplitudes of the 
components shown in the lower left portion of Fig. 3. For 
operation near the lower limit of the system pass band, the 
same information can be obtained by measuring the ampli- 
tudes of the marked components shown in the lower right 
portion of Fig. 3. Note, however, that in the latter case the 
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signal at the frequency (2/ — d) has an amplitude of two- 
thirds of V, so that a correction factor of 3/2 must be ap- 
plied to obtain the appropriate value of V4. 

The outputs with amplitudes V2, the ones marked V2 in 
the lower portion of Fig. 3, are generated by the same process 
that develops the second harmonic output in the earlier 
method. A similar correspondence exists between the out- 
puts marked V; and the third harmonic, and so on. 

In the heterodyne method, the observed output amplitudes 
are obtained by measurement, as in the harmonic method. 
The only difference is that V4, the “observed” amplitude of 
the fourth heterodyne component, is 3/2 times the measured 
amplitude when the method is applied near the lower fre- 
quency limit of the system pass band. This, however, was 
pointed out above. In each case, the observed amplitude is 
then multiplied by a correction factor to obtain a corrected 
amplitude. As before, the correction factor for any com- 
ponent is the ratio of the system gain at the frequency of 
that component to the system gain at the appropriate one of 
the input frequencies. Note that the matter of correction 
factors is considerably simplified if d is small. A single 
correction factor serves for both V2 and V4, and none is re- 
quired for V; or V; (or for V;). 

As before, any quantitative discussion which neglects the 
correction factors is essentially meaningless. It is simple, 
however, to compute the corrected output amplitudes and, 
from these, the corrected heterodyne ratios. By analogy 
with the terminology used for the harmonic method, the 
ratio V,’/V, is called the mth corrected heterodyne ratio. 

One rather striking method of examining the relation be- 
tween the corrected heterodyne ratios and the corrected har- 
monic ratios is to determine the second corrected heterodyne 
ratio, turn off one of the input signals, and then determine 
the corrected second harmonic ratio. In some cases, the 
heterodyne ratio will be exactly twice the harmonic ratio, as 
shown in Fig. 4. 


This relation is exact if the distortion law involves nothing 


higher than the second power of the input. In all other 
circumstances it breaks down completely. This is a wonder- 
ful example of the traps which lie in wait for the unwary 
experimentalist who tries to base general conclusions on 
data obtained from special cases. 

A more general relation is shown in Fig. 5. The corrected 
heterodyne ratios for inputs at amplitudes E and frequencies 
f and (f + d) can be related to the corrected harmonic 


Heterodyne inputs at amplitudes Z, frequencies f and (f + d) 
Harmonie input at amplitude E, frequency f 
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ratios for an input at amplitude EV3 and frequency f. To 
a good approximation, each corrected heterodyne ratio for 
input amplitudes E is equal to 1.1 times the corresponding 
corrected harmonic ratio for an input amplitude EV3. The 
relations shown in Fig. 5 are precise for a distortion law in- 
volving nothing higher than the fourth power, and very near- 
ly precise for one involving nothing higher than the fifth 
power. They are, however, based on the initial assumptions 
that the K’s are independent of frequency and that all the 
distortion occurs at one point. 

In general, the heterodyne and the harmonic methods 
yield the same information. This is clearly shown in Fig. 5. 
In the heterodyne method, however, all measurements are 
made between the frequencies d and f, or between the fre- 
quencies (f + d) and (2f + d), and it is often possible to 
obtain data which cannot be obtained through the use of the 
harmonic method. On the other hand, the heterodyne meth- 
od requires the use of two oscillators. 

Both methods are subject to the same basic difficulties. 
Each output component must be measured separately, in 
order that the appropriate correction factor may be applied. 
This normally requires the use of a wave analyzer to separ- 
ate the desired component from its neighbors; and the wave 
analyzer, in turn, requires the use of input signals having 
good frequency stability—something which may be difficult 
to obtain when the inputs are taken from a tape, disc, or 
film reproducer. 

Finally, both methods require the use of correction factors 
if the results are to have any quantitative validity. In the 
system under discussion, the correction factors are based 
on system gain from input to output. In a practical system, 
however, the correction factors are based on system gain 
from the point of distortion to the output. This causes some 
difficulty if there is any doubt about where the distortion 
occurs, and if there is distortion at more than one point both 
methods leave a good deal to be desired. 

There remains the intermodulation method—the SMPTE 
method. Here, again, the test input consists of two steady 
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single-frequency signals, one at a frequency f and the other 
at a rather low frequency d. Figure 6 shows what appears 
at the system output, assuming that the distortion law in- 
volves nothing higher than the fifth power. The output 
signal has components at each input frequency, at harmonics 
of each input frequency, and at a variety of heterodyne fre- 
quencies. 

This output is passed through a high-pass filter, in the 
analyzing equipment, which cuts out the If signal and all 
its harmonics. Figure 7 shows what remains. The corres- 
ponding heterodyne signals above and below any of the 
output components at f and its harmonics have the same 
amplitude, so that the output after filtering is nothing more 
than a set of carriers and symmetric sidebands. In other 
words, the filtered output consists of carriers at the higher 
input frequency and at harmonics of that frequency, all but 
one of the carriers being amplitude-modulated. 

The strongest carrier is the one at f, the higher of the two 
input frequencies. The others are relatively weak, and they 
are at frequencies which are harmonics of f. Because of this, 
the filtered output can be sent to an ordinary rectifying 
meter—one that reads the average of the instantaneous signal 
level without regard to sign—and it will read the level of the 
carrier at f, neglecting the modulation and all the other 
carriers. The meter reading, called the carrier level, is used 
for V; in the intermodulation method. 


2f 


At the same time, the filtered output is passed through a 
linear full-wave rectifier. Like the meter circuit, this recti- 
fies the strongest carrier and pays little attention to the 
others. At any moment, then, the output of the rectifier is 
proportional to the instantaneous amplitude of the ampli- 
tude-modulated carrier at the frequency {/. When the recti- 
fier output is passed throvgh a low-pass filter, the result is 
the modulation envelope of the carrier at the frequency f. 

Figure 8 shows the amplitudes of the signals in the modu- 
lation envelope. No correction factors are required, because 
the system gain is the same for the carrier and its sidebands. 
Because of this, the results may be interpreted quantitatively 
when distortion occurs at several points. 

The intermodulation ratio for the system is the same 
as the modulation ratio for the carrier at the frequency f. 
This is obtained in the usual way by dividing the level of the 
modulation envelope by the level of the unmodulated carrier. 
The level of the modulation envelope is obtained by sending 
the whole envelope, at the same time, to a rectifying meter. 

For measurement of distortion at the lower frequency d, 
the test signal consists of a If signal of any desired amplitude 
E and a hf signal of amplitude £/4. If the system has only 
second-order distortion, it is possible to determine the inter- 
modulation ratio, turn off the hf signal, and determine the 
corrected second harmonic ratio (using the proper correc- 
tion factor for the harmonic method; none is required for 
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Intermodulation inputs: 


Amplitude E at frequency d 
Amplitude E/4 at frequency f 


Harmonie input: 


Amplitude EY 2 at frequency d 


Tntermodulation outputs 


VY, == (K, + 1.55 K,E* + 2.11 K,E*) 


E 
'%~= ry (2.00 KE + 3.18 K,E*) 


E 
Va=— (1.50 KE + 2.73 KsE") 


Corrected harmonic outputs 
Vi = EY 2 (K, + 1.50 K,E* + 1.25 K,E*) 
%e= = (2.00 K,E + 4.00 K,E*) 
(1.41 K,E* + 3.53 K,E*) 
=< (K,E*) 


E 
— (0.71 K3E*) 


Intermodulation ratios are 2 2 times correeted harmonic ratios 
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the intermodulation method). The intermodulation ratio 
will then be four times the corrected harmonic ratio. 

This is another example of the traps into which the ex- 
perimentalist may fall by neglecting higher-order distortion. 
The general relations between intermodulation ratios and 
corrected harmonic ratios are shown in Fig. 9, which gives 
the output amplitudes (corrected, in the harmonic case) in 
terms of EZ and the K’s. It is clear that the intermodulation 
ratios with a lf input of amplitude E and a hf input of ampli- 
tude E/4 are very nearly 2V2 times the corresponding cor- 
rected harmonic ratios with a If input of amplitude EY 2. 

In theory, a practical system requires an input correction 
factor so that the hf amplitude, at the point of distortion, 
is 14 times the lf amplitude. In practice this correction factor 
is not necessary, since the readings are not very sensitive to 
variation in the level of the hf signal. This is shown in 
Fig. 10. 


Low-frequency input: Fixed level, at 60 cycles 
High-frequency input: As noted, at 2 ke 
Amplifier: Single-ended 6J7 followed by single-ended 6V6 


Ratio, hf level 
to If level % IM 


% 7.3 


\% 6.7 
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If the hf amplitude is Z and the If amplitude is E/N 2, the 
intermodulation ratios are once more 2V2 times the cor- 
rected harmonic ratios for a hf input of amplitude Z. This 
is shown in Fig. 11. This measurement is rather sensitive 
to the amplitude of the If signal, and it may be necessary to 
use an input correction factor if the low frequency is not 
located well within the comfortable pass band of the system. 


Intermodulation inputs: 


Amplitude E at frequency f 
Amplitude E/Y 2 at frequency d 


Harmonie input: 


Amplitude E at frequency f 


Intermodulation outputs 
V,—E (K, + 1.50 K,E* + 2.97 K,E*) 
V.=2V2E (0.50 K.E + 1.13 K,E*) 
Vs;=2V2E (0.27 K,E* + 0.88 K;E*) 
Vi=2V2E (0.13 K,E*) 
s = 2V2E (0.055 K,E*) 


Corrected harmonic outputs 
V,’ = E (K, + 0.75 K,K* + 0.63 K,E*) 
V.’ = E (0.50 K.E + 0.50 K,E*) 
V,; = E (0.25 K,E? + 0.31 K;E‘) 
V, =E (0.13 K,E*) 
V;' = E (0.065 K;E*) 


Intermodulation ratios are 2 2 times corrected harmonic ratios 


Fig. 11 
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Any increase in the level of the If signal—many people work 
with both inputs at the same level—emphasizes the higher- 
order distortion. This may or may not be desirable. On 
the other hand, raising the level of the hf signal without 
changing the level of the lf signal makes almost no differ- 
ence in the intermodulation ratio—the carrier level increases 
at about the same rate as the side-band levels. 


Which method of measurement is the best? To arrive 
at some sort of an answer, consider a system which is per- 
fectly flat, and provide it with a steady single-frequency 
input. It is now possible to feed the output signal to a net- 
work which will deliver the fundamental component of the 
output (the component at the input frequency) at one pair 
of terminals, while all the other components of the output 
(the distortion components, at harmonics of the input fre- 
quency) appear at another pair of terminals. 


It is clear that some sort of index of listener annoyance 
will be obtained if the level of the distortion components 
is divided by the level of the fundamental component. The 
problem is, how should the distortion component level be de- 
termined in order to obtain the best listener index? 


It is known that the ear is not entirely a power-operated 
device, and it is suggested that the average level of all the 
distortion components, taken without regard to sign, will 
provide a more reliable index than either the peak level or 
the rms level. This average level, however, is impossible to 
calculate without knowledge of the phase and amplitude of 
each component, and the only convenient way to determine 
it is to feed all the distortion components together to a recti- 
fying meter. 


Consider, now, the problem of determining the average 
level of the distortion components, with due regard to the 
correction factors, in a practical case. The harmonic method 
is, perhaps, the easiest one to consider. If all the distortion 
occurs at a single point (or if the system is flat for all fre- 
quencies involved from the earliest point of distortion to the 
last point where distortion occurs), a network can be de- 
signed for insertion ahead of the meter. This will apply the 
required correction factors with no trouble. The difficulty 
comes in providing the right network, which will be different 
for different systems. A further difficulty arises if distortion 
occurs at several points which are separated by a portion of 
the system that is not flat—in this case the required net- 
work cannot be constructed. In other words, it may often be 
impossible, as a practical matter, to carry out the desired 
measurement on the distortion components when the har- 
monic method is used. 


If the heterodyne method is applied to the perfectly flat 
system postulated above, a slightly different filtering net- 
work will be required. This network will deliver the selected 
fundamental output*component (at one of the input fre- 
quencies) at one pair of terminals, and all the selected dis- 
tortion components (the desired heterodyne products) at 
another pair of terminals. The desired output components 
are shown in Fig. 3. 

In view of the relations given in Fig. 5, the level of the 
selected distortion components, taken together, may be di- 
vided by the level of the selected fundamental component 
to obtain an index of distortion which is related to the cor- 
responding index obtained through the use of the harmonic 
method. Specifically, the index by the heterodyne method 
with input amplitudes EZ should be close to 1.1 times the 
index by the harmonic method with an input amplitude EY 3. 
In a practical case, the requirement for a network to supply 
the correction factors may often make it impossible to carry 
out the measurement. 

In the intermodulation method, no correction factors are 
required. For this reason, the intermodulation method is 
most likely to yield objectively valid information in a practi- 
cal case. As shown in Figs. 9 and 11, the amplitudes of the 
selected intermodulation components are simply related to 
the corrected amplitudes of the corresponding harmonic 
components, and the level of the combined selected inter- 
modulation components is read in precisely the desired way 
by a rectifying meter. It appears, therefore, that the inter- 
modulation method is most desirable for the determination 
of an objective index of the amount of distortion in a practi- 
cal system. 

Beyond this, it is suggested that a weighting network 
should be used ahead of the meter. The ear generates a cer- 
tain amount of second-order distortion on its own, and most 
people who have made tests seem to agree that high-order 
distortion is more annoying than low-order distortion. It 
appears that the network should emphasize high-order dis- 
tortion components (not merely hf components), and this 
can be done most easily in the intermodulation method, 
either by means of a network or by adjusting the ratio of the 
two input signals. 

Finally, as a practical matter, the intermodulation method 
is the only one which does not require a wave analyzer to 
obtain objectively valid results and the only one which can, 
therefore, be used with relatively unstable signal sources. 
It is, therefore, preferable for measuring distortion when the 
original signals are derived from reproducing equipment 
rather than from oscillators. 
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Comparative Study of Methods for Measuring Nonlinear Distortion in Broadcasting 
Audio Facilities 


Donato E. Maxweti* 
Electronics Laboratory, General Electric Company, Syracuse, New York 


Various methods of making distortion measurements on broadcasting audio facilities are com- 
pared in an extensive series of tests. A distortion generator unit which simulates many types of 
nonlinearities common to audio facilities is described. It is concluded that the harmonic distortion 
method gives a satisfactory indication of nonlinearity for many types of audio facilities, while the 
CCIF intermodulation method is superior for measurements of facilities having restricted hf re- 
sponse. The SMPTE intermodulation method is found to be unsatisfactory as an indicator of hf 


nonlinearity. 


URING THE DECADE prior to the end of World War 
II, single-frequency harmonic distortion was the only 
method in wide usage for evaluating amplitude nonlinearity 
in broadcasting audio facilities. Although the potential 
usefulness of intermodulation methods was generally known 
during this period, the lack of suitable instrumentation 
limited the application of such methods primarily to labora- 
tory investigations as far as broadcasting was concerned. 
It was during this same period that the intermodulation 
method now standardized by the Society of Motion Picture 
and Television Engineers (SMPTE) was developed'** and 
used to some extent in the film and disc recording fields. 


Shortly after the end of the war, several manufacturers 
offered intermodulation measuring instruments designed to 
facilitate distortion measurements by the SMPTE method.* 
At this time, the Columbia Broadcasting System undertook 
a comparative study of the harmonic and intermodulation 
methods to determine which method provided the most use- 
ful indication of nonlinear distortion in its broadcasting audio 
facilities. This study was restricted primarily to measure- 
ments of distortion in audio transmission systems and 
components and was only secondarily concerned with dis- 
tortion in recording and reproducing equipment and electro- 
acoustic transducers. It had been hoped to include as a 
part of this study a correlation of the results of distortion 
measurements with comprehensive subjective listening tests, 
such as had been undertaken earlier by CBS to determine 
tonal range, sound intensity, and peak volume range prefer- 


*Formerly with Columbia Broadcasting System, Inc., New York, 
New York. 

1J. G. Frayne and R. R. Scoville, Variable-Density Recording, 
J. Soc. Motion Picture Engrs., 32, 648-673 (June, 1939). 

2 J. K. Hilliard, Distortion Tests by the Intermodulation Method, 
Proc. Inst. Radio Engrs., 29, 614-620 (December, 1941). 

3B. F. Meissner, Discussion on “Distortion Tests by the Inter- 
modulation Method,” Proc. Inst. Radio Engrs., 30, 429 (September, 
1941). 

4 American Standards Association, Z 22.51-1946, American Standard 
Method of Making Intermodulation Tests on Variable-Density 16- 
Millimeter Sound Motion Picture Prints, J. Soc. Motion Picture Engrs., 
46, 303f (April, 1946). 
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ences of broadcast listeners.°* Unfortunately, however, 
existing circumstances did not permit the subjective tests to 
be carried out, and the conclusions to be drawn in this paper 
are confined to the relative capabilities of the several distor- 
tion measuring methods of giving a quantitative measure of 
the various types of nonlinearities commonly found in broad- 
casting audio facilities. 

It was found that the wide frequency range and the high 
signal-to-noise ratio characteristic of studio audio facilities 
were important factors in making single-frequency harmonic 
measurements fairly definitive of the types of nonlinearity 
usually found in such systems. It was further found that 
the SMPTE intermodulation method as applied to studio 
audio facilities rendered little more information about ampli- 
tude nonlinearity than was shown by a single harmonic 
distortion measurement corresponding to the lower of the 
two SMPTE frequencies. And, finally, it was found that 
the difference-frequency (CCIF) intermodulation method’ 
had important advantages over either of the above methods 
for measurements of audio syStems or components having 
a sharply restricted upper frequency limit. 


TRANSMISSION CHARACTERISTICS OF BROADCASTING 
AUDIO FACILITIES 


The transmission characteristics of broadcast audio facili- 
ties usually conform to a very high standard of excellence. 
For example, Fig. 1 shows the minimum performance require- 
ments which CBS has established for radio and television 
studio audio facilities installed since 1946. Response-fre- 
quency requirements are seen to be within +-0.5 db of the 
median value from 150 to 5,000 cps, decreasing uniformly 
to a maximum of +1 db at 50 and 15,000 cps. Minimum 


5H. A. Chinn and P. Eisenberg, Tonal-Range and Sound-Intensity 
Preferences of Broadcast Listeners, Proc. Inst. Radio Engrs., 33, 
571-581 (September, 1945). 

6H. A. Chinn and P. Eisenberg, New C.B.S. Program Transmission 
Standards, Proc. Inst. Radio Engrs., 35, 1547-1555 (December, 1947). 

7 International Telephonic Consultative Committee (CCIF), Docu- 
ment No. 11 of the Commission Mixte, CCIF/UIR, March 2-3, 1937. 
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signal-to-noise ratio is 70 db for a program channel gain of 
70 db (based upon the RTMA standard microphone level 
of —50 dbm). Single-frequency harmonic distortion in a 
yrogram channel must not exceed 0.25% between 150 and 
5,000 cps, but it may increase gradually to a maximum of 
0.5% at 50 and 15,000 cps. Corresponding distortion limits 
in monitoring channels are 1% and 2%, respectively. The 
above performance limits apply not only to individual com- 
ponents alone, such as a microphone preamplifier, but also 
to a complete studio audio system from microphone to line 
or monitoring loudspeaker. Long experience has shown that 
if studio audio facilities meet the above requirements they 
will cause negligible audible degradation of a program signal. 
In fact, these limits might be considered as unduly restric- 
tive were it not for the fact that ordinarily many additional 
audio transmission and processing circuits are involved in 
the complete aural-to-aural link between studio and listener; 
and it is most undesirable from the standpoint of good engi- 
neering practice that the studio audio facilities limit the 
ultimate quality of a reproduced signal. 


As stated earlier, most of the investigatory work con- 
tributing to the results and conclusions set forth in this 
paper was in connection with wide-band, low-noise facili- 
ties, but some work was done specifically on systems having 
sharply limited hf response, such as is usually characteristic 


of intercity network broadcasting circuits, and film, mag- 
netic, and disc recording facilities. It is in connection with 
these latter types of systems that the harmonic and SMPTE 
intermodulation methods both were found to be of limited 
usefulness, and the CCIF method was the only method which 
gave a definitive measure of the degree of nonlinearity in the 
important hf portion of the pass band.*” 


DISTORTION GENERATOR 


In order to facilitate the intermodulation study, a special 
distortion generator unit was developed. By means of this 
single device a wide variety of audio system nonlinearities 
could be simulated, and various types of distortion measur- 
ing methods and equipment were used to evaluate these non- 
linearities. The distortion generator was capable of pro- 
ducing the following types and degrees of nonlinearity: 


1. Essentially pure second-order (quadratic) distortion, 

variable from 0.5% to 30% total rms harmonic content with: 

(a) Uniform distortion vs frequency characteristic from 
50 to 15,000 cps. 


8A. P. G. Peterson, The Measurement of Non-Linear Distortion, 
presented at the Convention of the Institute of Radio Engineers, 
March, 1949 (Gen. Radio Tech. Publ. B-3). 

9A. P. G. Peterson, Intermodulation Distortion, General Radio 
Experimenter, March, 1951. 
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Fig. 2 


(b) Uniform distortion at low to middle range of fre- 
quencies, but distortion increasing with frequency 
at the higher audio frequencies. 

(c) Uniform distortion at middle to high range of fre- 
quencies, but distortion increasing inversely with 
frequency at low audio frequencies. 

(d) Distortion increasing with frequency above middle 
range of frequencies and simultaneously increasing 
inversely with frequency below middle range of fre- 
quencies. 

2. Reasonably pure third-order (cubic) distortion, vari- 
able from 0.5% to approximately 25% for each of the 
distortion vs frequency characteristics listed under (1) above. 

3. Mixed second-, third-, and higher-order distortion, 
variable from 0.5% to approximately 25%, with the same 
various distortion vs frequency characteristics as listed under 
(1) above. This operating condition was not used in gather- 
ing the results discussed in this paper. 

In anticipation of correlating various distortion character- 
istics with subjective listening tests, a fast-acting signal 
peak indicator was incorporated in the distortion generator. 
It appeared that the most logical way to obtain a meaning- 
ful relation between a numerical value of steady-state distor- 
tion and a subjective listening effect observed with program 
material was to adjust the peaks of the program signal wave 
to the same peak amplitude as the steady-state signal which 
would produce the desired degree of distortion. 

A block diagram of the CBS distortion generator is shown 
in Fig. 2. This unit employs eight tubes, exclusive of those 
pertaining to power-supply and voltage-regulator functions. 
V1 through V5 are signal amplifier stages and with the excep- 
tion of V2 have negligible nonlinear distortion. V2 is a 6SJ7 
pentode, and by suitable adjustment of its cathode, screen, 
and plate supply voltages this tube may be made to generate 
either second-, third-, or mixed higher-order distortion. As 
a second-order distortion generator this tube was found to 
have less than 0.1% higher-order harmonics for all values of 
second-order distortion up to 20%. As a third-order gen- 
erator, V2 was not quite as pure, but it still generated up to 
10% third harmonic distortion with less than 2% even- 


order harmonics and approximately 0.5% fifth harmonic. 
At third-order distortions approaching 25%, total even- 
order harmonics were still only 2% and the fifth harmonic 
had increased to about 8%. It would have been possible to 
reduce even-order distortion below the above figures by a 
balanced-tube arrangement in the V2 position, but this would 
have made an insignificant difference in the results of the 
distortion study covered by this paper. 

The nonlinearity of V2 is, of course, uniform at all audio 
frequencies, and the magnitude of distortion at the signal- 
output terminals of the distortion generator unit is a direct 
function of the signal level applied to the grid of V2. In 
order to provide a convenient single-knob control of dis- 
tortion without appreciable change of output level a ganged, 
calibrated attenuator R1 is used. As the input section 
R1-A is rotated in the direction of decreasing attenuation, 
or increasing distortion, R1-B simultaneously rotates in the 
direction of increasing attenuation and maintains the signal 
output level essentially unchanged. A high degree of dis- 
tortion tends to cause a decrease in output level due to peak 
compression in V2, and this may be compensated for by 
adjustment of R29. 

In order to produce a controllable nonlinearity which is a 
function of frequency, variable hf and lf boost networks are 
connected ahead of V2, thus increasing the input signal to 
V2 as a function of frequency. The resulting signal at the 
output of V2 is then more nonlinear at the If or hf (or both) 
ends of the audio spectrum. In order that this frequency- 
dependent distortion will not be accompanied by a corres- 
ponding change in the overall response-frequency character- 
istic of the distortion generator unit, complementary hf and 
lf attenuation networks are connected in the circuit follow- 
ing V3. The attenuation networks are mechanically ganged 
with the boost networks in such a manner that the overall 
response-frequency characteristic of the distortion generator 
is flat within +0.5 db of the 1,000-cps value from 30 to 
15,000 cps for any setting of the high or low boost networks. 
These networks then serve the desired function of controlling 
the lf and hf nonlinearity characteristics of a flat audio 
system. Owing to the relative complexity of the overall 
compensation problem the high and low boost networks are 
designed to provide simple RC boost characteristics of 6 db 
per octave with two selectable crossover frequencies of 150 
or 300 cps for the low boost network and 3,000 or 6,000 cps 
for the high boost network. These four boost networks were 
found to be very adequate for the distortion measurements 
to be described. 

In order to provide a means for indicating the peak 
excursions of a program signal, a signal peak indicator was 
incorporated as a part of the distortion generator. This 
indicator consists of the tubes V7, V8, and V9 of Fig. 2. A 
complete schematic diagram of the distortion generator unit 
is shown in Fig. 3. 
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It is obvious that a synthetic distortion generator of the 
type described cannot simulate all the types of nonlinearities 
encountered in actual audio systems, but it does serve as a 
very useful investigatory tool for laboratory work, especially 
where subjective correlation of measured distortion with 
listening tests is desired. 


MEASURING PROCEDURES AND EQUIPMENT 


For each of the possible operating conditions of the dis- 
tortion generator, as tabulated above, comparative harmonic 
and intermodulation measurements were made. 


1. Harmonic Measurements 


For harmonic measurements a low-distortion oscillator 
supplied the distortion generator with a single-frequency 
signal. The harmonic output of the distortion generator 
was measured by a wave analyzer and also by two com- 
mercially available types of distortion-factor meters. Har- 
monic distortion was tabulated as a function of input level 
and frequency for each operating condition of the distortion 
generator. In one series of measurements an 8-kc low-pass 
filter was inserted between the output of the distortion 


generator and the load circuit to evaluate the limitations of 
the harmonic method for systems having a sharply restricted 
hf cutoff. 


2. SMPTE Intermodulation Measurements 


A commercially available type of two-tone signal generator 
and intermodulation analyzer designed specifically for the 
purpose was employed for intermodulation measurements by 
the SMPTE method. To insure maximum correlation be- 
tween single-frequency and two-frequency measurements, 
the peak-to-peak amplitude of the two-frequency signal 
at the input to the distortion generator was adjusted to the 
same value as that of the single-frequency signal used for 
harmonic distortion measurements. The two-frequency 
signal generator provided If tones of 40, 60, or 100 cps 
and hf tones of 2,000, 7,000 or 12,000 cps. 


3. CCIF Intermodulation Measurements 


For the CCIF measurements two separate low-distortion 
oscillators were used as the signal source. Both oscillators 
were adjusted for equal output, and the peak-to-peak ampli- 
tude of the two-frequency signal at the input to the distortion 
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generator was adjusted to the same value as that of the 
single-frequency signal used for harmonic distortion measure- 
ments. For frequencies above 500 cps a constant difference 
frequency of 100 cps was maintained between the two 
oscillators, and for frequencies below 500 cps (as determined 
by the lower of the two frequencies) a constant difference 
frequency of 500 cps was held. 

The resulting second-order intermodulation components 
appearing at the output of the distortion generator were 
measured on a wave analyzer, as a function of input level 
and frequency for each operating condition of the distortion 
generator. One series of measurements was made with an 
8-kc low-pass filter between the output of the distortion 
generator and its load circuit, to determine the effectiveness 
of the CCIF method for audio systems having a sharply 
restricted upper frequency limit. 

CCIF measurements in this investigation were confined 
to the case of second-order (quadratic) distortion only, pri- 
marily because of the lack of time to explore all possible 
areas of the distortion measuring problem. 

Although the bulk of the distortion measurements covered 
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by this study employed the distortion generator unit de- 
scribed above as the source of nonlinearity, a number of 
comparative harmonic and intermodulation measurements 
were also made on various typical broadcasting audio facili- 
ties, including disc and film recording and reproducing equip- 
ment. 


RESULTS 


It is the intent of this paper to discuss only the more sig- 
nificant results of the measurements outlined above. For 
purposes of discussion these results will be grouped into 
three categories descriptive of the general type of distortion- 
frequency characteristic. 


1. Nonlinear Distortion Uniform with Frequency 
over Entire Audio Spectrum 


Figure 4 summarizes and compares the results of harmonic 
and SMPTE intermodulation measurements on an audio 
system having either predominantly second-order or pre- 
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dominantly third-order distortion and a uniform distortion- 
frequency characteristic. It is interesting to note how nearly 
identical are the shapes of the harmonic distortion and 
SMPTE intermodulation distortion characteristics as a func- 
tion of input signal amplitude. For such idealized operating 
conditions with negligible higher-order distortion components 
and a single transfer characteristic for the two frequencies, an 
easily calculable numerical relationship exists between 
harmonic and intermodulation distortion. Warren and 
Hewlett have analyzed this relationship in detail for a 
number of typical audio systems where the transfer char- 
acteristics may be accurately defined by power series having 
no terms higher than fifth order. Calculations based on the 
above method show that intermodulation distortion by the 
SMPTE method will be 3.2 times an equivalent harmonic 
distortion measurement for a system having only linear and 
second-order terms. The ratio of SMPTE intermodulation 
distortion to harmonic distortion is calculated to be approxi- 
mately 3.84 for a system having only linear and third-order 
terms. Figure 5 shows how closely the measured ratios of 
SMPTE intermodulation to harmonic distortion agree with 


calculated values for both second- and third-order distortion 
at harmonic distortion percentages up to 10%. Similar 
relationships were found between harmonic and CCIF 
intermodulation distortion measurements, although the ratio 
of CCIF percentages (for this investigation CCIF percent- 
age was defined as the ratio of the difference-frequency 
component to the higher of the two fundamental components, 
multiplied by 100) to harmonic percentages was approxi- 
mately unity. 

It has been shown” analytically that for systems having a 
uniform distortion-frequency characteristic representable by 
a rapidly converging power series the measured value of 
SMPTE intermodulation distortion is a function of the 
amplitude of the lower-frequency tone only. To check 
this relationship experimentally the following measurements 
were made on a system having second-order nonlinearity. 
With a constant-amplitude If signal the SMPTE intermodu- 
lation distortion was measured for a wide range of hf carrier 


10W. J. Warren and W. R. Hewlett, An Analysis of the Inter- 
modulation Method of Distortion Measurement, Proc. Inst. Radio 
Engrs., 36, 457-466 (April, 1948). 
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amplitudes. It is shown in Fig. 6 that no substantial change 
in intermodulation distortion occurs as the hf carrier signal 
(12,000 cps in this case) is varied from one-eighth the lf 
amplitude to twice the lf amplitude. Note that no attempt 
was made in this particular test to keep the peak-to-peak 
two-signal amplitude constant. Therefore, a harmonic dis- 
tortion measurement of a single-frequency signal having 
the same peak amplitude as the two-frequency signal should 
show increasing distortion. This condition is also verified 
in Fig. 6, where the harmonic distortion is plotted as a ratio 
of an equivalent 60- or 12,000-cps single-frequency peak 
amplitude to the peak amplitude of the If component (60 
cps) of the two-frequency signal. 

A series of comparative measurements of harmonic and 
CCIF intermodulation distortion was made by connecting 
an 8-kc low-pass filter between the output of the distortion 
generator and its load, as described above. A few of the 
results are plotted in Fig. 7 for a second-order system having 
a uniform distortion-frequency characteristic up to the 8-kc 
cutoff point. As would be expected, harmonic distortion 
readings go to O around 4 kc as a result of harmonic sup- 
pression. CCIF readings, on the other hand, extend out to 


the cutoff frequency. The upward curvature of the CCIF 
intermodulation distortion values near the cutoff frequency 
is due primarily to reduced response of the two hf signals 
in this region compared to the If intermodulation component. 


2. Nonlinear Distortion Increasing with Frequency 
at High Audio Frequencies 


A wide variety of comparative distortion measurements 
was made for the condition of nonlinear distortion increasing 
with frequency. For most of these measurements, the 
distortion generator unit was used as a signal source, al- 
though some additional distortion measurements were made 
on magnetic and disc recording equipment. Figure 8 gives 
a comparison of the three methods of distortion measure- 
ment on a system having predominantly second-order dis- 
tortion increasing with frequency. It is seen that both the 
harmonic distortion and the difference-frequency (CCIF) 
distortion increase above about 3 kc. The CCIF inter- 
modulation distortion continues to increase up to the maxi- 
mum measured frequency of 15 kc, reaching the extremely 
high value of 55% for a 20-db relative input level. The 
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corresponding harmonic distortion tends to level off at a 6% 
value. This particular loss in sensitivity of the harmonic 
method is characteristic of the type of frequency compensa- 
tion in the distortion generator unit, wherein the harmonic 
frequencies are attenuated (but not totally suppressed) with 
respect to the fundamental. Corresponding SMPTE inter- 
modulation data are also tabulated on Fig. 8. A difficulty 
in correlating SMPTE intermodulation measurements with 
either harmonic or CCIF measurements arises from the 
fact that the SMPTE measurement lacks a corresponding 
frequency parameter. The tabulation of SMPTE distortion 
in Fig. 8 asa function of three different hf tones shows very 
little indication of the severe hf nonlinearity which is shown 
by the CCIF and harmonic methods to exist. Thus, it 
appears that even in systems which have a different transfer 
characteristic for each of the two SMPTE test signals the 
resultant indication is primarily a measure of the If non- 
linearity. Unfortunately, a mathematical analysis of a 
system where the nonlinearity characteristic varies with 
frequency is exceedingly difficult, and a generalized solution 
appears impossible. The harmonic method obviously fails 
to detect hf distortion if the harmonic frequencies are sup- 
pressed at the output of the system under measurement. In 
broadcasting audio facilities, fortunately, the point of highest 


distortion is generally the output audio stage. Since present- 
day output stages usually have fair response to at least 
the second and third harmonics of a 15-ke signal, any hf 
nonlinearities ordinarily are well defined by a harmonic 
distortion measurement. 

Where the bandwidth is sharply restricted at medium- 
high audio frequencies, as in many recording systems, the 
CCIF method is especially definitive of nonlinearity near 
the cutoff frequency. The CCIF method has been found 
by CBS to be especially useful in evaluating hf distortion 
in 16-mm film sound recording and reproducing, and a 
limited amount of CBS experimental data indicates that the 
CCIF method is equally definitive of the hf limitations of 
magnetic and disc recording equipment. The CCIF method 
has been found the only method suitable for evaluation of 
some magnetic recording problems." 


3. Nonlinear Distorticn Increasing Inversely 
with Frequency at Low Audio Frequencies 


A good degree of correlation was found to exist between 
all three methods of distortion measurement for systems in 


11 Frequency Dependence of Permissible Recording Current, Sound 
Talk, Bulletin No. 14, June 9, 1950, Minnesota Mining and Manu- 
facturing Company, St. Paul, Minn. 
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which the nonlinearity increases inversely with frequency at 
low audio frequencies. The results for a system having 
predominantly second-order distortion are shown in Fig. 9. 
Distortion as measured by both CCIF and harmonic meth- 
ods is seen to increase in much the same degree, and the 
tabulation of intermodulation distortion by the SMPTE 
method shows a well-defined increase as the lower frequency 
is decreased from 100 to 40 cps. 


4. Listening Tests 


As explained above, circumstances did not permit extended 
subjective tests to correlate specific degrees and types of 
distortion with the effect of each on program listenability. 
However, it was observed by several CBS engineers that 
surprisingly large amounts of system nonlinearity could be 
tolerated at both high and low ends of the spectrum as long 
as the middle range of frequencies was essentially undis- 
torted. Very critical listeners were able to notice equivalent 
second- and third-order distortion percentages of less than 
5% on high-quality musical programs if the system had a 
uniform distortion-frequency characteristic. If the dis- 
tortion under the above conditions were reduced sufficiently 


7° of the output ampli 


16. 8 


to be just un-noticeable, then no audible effects appeared to 
result from uptilting the nonlinearity at both ends of the 
spectrum by as much as shown on the curves of Figs. 8 and 9. 


CONCLUSIONS 


The conclusions to be drawn are based upon data gathered 
in 1947 but heretofore unpublished, and many of these same 
conclusions have since been reached and reported in the 
literature by workers in other branches of the audio engineer- 
ing field. 

For audio systems having wide bandwidth and a uniform 
distortion-frequency characteristic, there is a definite and 
easily calculable numerical ratio between the results of dis- 
tortion measurements by the harmonic, SMPTE, or CCIF 
methods, and distortion is equally well defined by any one of 
the methods. A harmonic distortion measurement of an audio 
system of this type tells just as much as an intermodulation 
measurement about the listenability, provided that proper 
weighting factors are applied to account for the arbitrary 
numerical differences in sensitivity of the various methods. 
This conclusion derives directly from the fact that the system 
nonlinearity which produces harmonics of a single-frequency 
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test signal will also produce proportional difference-frequency 
components of a two-frequency test signal. 

In audio systems where the nonlinearity increases inversely 
with frequency below the middle range of frequencies there 
is also a good correlation between the harmonic, SMPTE, 
and CCIF methods, and any one of the methods should be 
adequate for measuring distortion in systems having this 
type of nonlinearity. 

In wide-band audio systems where the nonlinearity in- 
creases with frequency above the middle range of frequencies, 
both the harmonic and CCIF intermodulation methods give 
adequate indication of the nonlinearity, although the CCIF 
method is unquestionably the more definitive at the ex- 
tremely high frequencies where harmonics may suffer at- 
tenuation. The SMPTE method of intermodulation testing 
appears almost totally inadequate as a means of evaluating 
hf distortion. Both analysis and measured results show that 
the SMPTE intermodulation test is primarily a measure of 
If distortion, and comparatively little more information is 
gained about system nonlinearity than would be obtained 
by measuring the harmonics of the lf signal. Since harmonic 
measurements are generally made at significant frequencies 
throughout the useful audio spectrum, harmonic distortion 


measurements on wide-range systems ordinarily will tell 
much more about system nonlinearity than the SMPTE test. 

The harmonic distortion method is of limited usefulness 
in systems having a sharp hf cutoff characteristic, such as is 
encountered in recording facilities of various types. In this 
type of system the CCIF method is clearly the only method 
which gives a definitive measure of nonlinearity at fre- 
quencies near hf cutoff. 

The CCIF method is the only method which seems fool- 
proof as a means of detecting and defining all the types of 
nonlinearity usually encountered in audio systems. It is 
unfortunate that existing instrumentation for making meas- 
urements by the CCIF method is very expensive and, at least 
for third-order (cubic) distortion measurements, decidedly 
inconvenient from an operational standpoint. Until these 
limitations can be overcome, widespread use of the CCIF 
method for routine distortion measurements is unlikely. 
Meanwhile, the harmonic method is considered satisfactory 
for distortion measurements of broadcasting audio facilities, 
with the exception of bandwidth limited systems, such as 
intercity networks and recording and reproducing equip- 
ment. 

No single aspect of the problem of audio transmission and 
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reproduction seems to be more beclouded with conjecture 
and misinformation than that of the correlation between 
measured distortion and subjective listening quality. There 
is a great need for a comprehensive series of subjective listen- 
ing tests designed to provide this much-needed information. 
The distortion generator described in this paper should prove 
an invaluable tool for use in such tests. 
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Distortion in Phonograph Reproduction 


H. E. Roys 
Engineering Products Department, RCA Victor Division, Camden, New Jersey 


Three distortion methods, the harmonic, the SMPTE intermodulation, and the difference fre- 
quency (CCIF), have been studied mainly on a theoretical basis, as a means of analyzing distortion 


encountered in phonograph reproduction. 


The harmonic method is somewhat difficult to apply, 


and some of the ‘:armonics may be beyond the range of the system. The IM method has been 
used in the past with considerable success and appears to be a good method of analyzing tracing 
distortion. The difference frequency method appears to be somewhat insensitive to tracing distor- 
tion but offers advantages in that the analysis may be made right up to the cutoff frequency of the 


system. 


INTRODUCTION 


= ORDER to obtain optimum results in making phono- 

graph distortion measurements, it is quite possible that 
methods and equipment should both be different from those 
used for amplifiers and other systems of sound recording. 
Records are cut with the turntable revolving at a constant 
angular velocity or rotational speed. The linear speed of 
the medium past the recording stylus is not constant, how- 
ever, and depends upon the distance of the stylus from the 
center of the disc as well as the turntable speed. It is great- 
est at the outside of the disc, since the radial distance is 
greatest. A tone applied to the recording head results in a 
longer wavelength at the outside than at the inside. This 
is a difference that exists between disc and other methods of 
recording, such as magnetic tape and photographic film, 
where the linear speed of the medium is constant and the 
wavelength of any frequency remains the same throughout 
the entire recording. The wavelength effect does not, of 
course, exist for amplifier measurements. 

The recorded disc is reproduced by a pickup having a 
stylus which is of finite size and which is spherical in shape 
in contrast to the chisel-shaped cutting stylus. It becomes 
apparent, as we review the problem, that difficulty can be 
expected in having the stylus accurately follow the recorded 
groove at the inside of the record where the wavelengths are 
short and the curvature great. Distortion introduced under 


such conditions, due to the geometry of the groove and the 
reproducing stylus, is known as tracing distortion. 

Hunt and Pierce and, somewhat later, Lewis and Hunt? 
investigated this type of distortion. Corrington* reviewed 
this work and added some refinements so that today there 
exists a good overall mathematical analysis of tracing distor- 
tion. Experimental data appear to be in good accord with 
the theoretical work, making it possible to use the theoreti- 
cal analysis to obtain a better understanding of distortion 
encountered in phonograph reproduction. 


PICKUP DISTORTION 


A phonograph reproducing system includes amplifiers and 
loudspeakers, in addition to pickups and records. It is not 
the purpose of this article to discuss methods of distortion 
analysis of either amplifiers or speakers but rather to stress 
measurements involving the pickup and, in particular, the 
type of distortion encountered during reproduction. It is 
desirable, during the development period, to learn something 
about the linearity of the moving system of the pickup with- 


1J. A. Pierce and F. V. Hunt, On Distortion in Sound Reproduc- 
tion from Phonograph Records, J. Acoust. Soc. Am., 10, 14-28, (1938). 

2 W. D. Lewis and F. V. Hunt, A Theory of Tracing Distortion in 
Sound Reproduction from Phonograph Records, J. Acoust. Soc. 
Am., 12, 348-365 (1941). 

3M. S. Corrington, Tracing Distortion in Phonograph Records, 
RCA Rev., 10, 241-253 (1949). 
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Fie. 1. In this method of determining the nonlinearity of the 
moving system of a pickup, a tuning fork excited by an oscillator 
is used to drive the pickup. 


out involving the record, and a simple but effective means of 
doing this is by the tuning fork method.* One tine of the 
fork (see Fig. 1) is excited by an electromagnet connected 
to the output of an oscillator whose frequency is adjusted to 
sustain vibration of the fork. The other tine drives the 
pickup, and a small chisel dent® in the end of the tine pro- 
vides a groove for the stylus tip. Different forks may be 
used, and the amplitude of vibration may be changed by 
adjusting the oscillator current, so that distortion measure- 
ments may be made at different frequencies and levels. 


The mechanical coupling between the two tines is very 
low and, in addition, the second and higher modes of vibra- 
tion of a tuning fork are not in simple harmonic relation with 
the fundamental; therefore any harmonics® that appear in 
the output voltage from the pickup are most likely due to 
the pickup itself and not to the driving system. When using 
magnetic types of pickups, care must be taken to shield either 
the pickup or the electromagnet that drives the fork in order 
to prevent coupling between them. 


Measurements to determine the linearity of pickups have 
been made by the tuning fork method with good results. 
They have not always agreed with measurements obtained 
while reproducing a record, however, and consequently this 
method cannot be recommended as being sufficient. In one 
particular case, a pickup that showed less than 1% distortion 
by the tuning fork method, indicating good linearity of the 
moving system, showed a value of over 20% intermodulation. 
Listening tests confirmed the IM measurements. Several 
experiences of this nature soon made it apparent that it is 
advisable to obtain an overall evaluation by checking the 
pickup while reproducing a record. 


4 This method was used by H. J. Hasbrouck in evaluating RCA 
pickups in 1937-1938. 

5H. J. Hasbrouck pointed out that a small chisel dent, since it did 
not remove any metal but merely displaced it, did not, therefore, 
change the frequency of vibration. 

6 Lord Rayleigh, in his book, Theory of Sound (Vol. I, p. 280, 
Macmillan & Co., 1926), reports that the second mode of a vibrating 
reed, clamped at one end, is 2.64 times the fundamental; the third 
mode, 4.13; the fourth, 5.1; and the fifth, 5.83.. 


EQUIPMENT REQUIREMENTS 


As with all recording systems, constancy of speed of the 
medium past the recording or reproducing point is difficult 
to achieve. The resulting speed variation, commonly known 
as “wow” or “flutter,” imposes severe restrictions upon the 
measurement equipment. For measuring distortion under 
such conditions, the equipment should be relatively insensi- 
tive to changes in frequency and phase shift. Analyzers that 
require critical phase and frequency adjustments are diffi- 
cult, if not impossible, to use. Harmonic analyzers of the 
broadband type can be used, and filter type of analyzers, 
such as are used for IM measurements, are more nearly ideal. 
If the pass band of the filter is great, as might occur with the 
total harmonic meters where the fundamental is filtered out 
and the residue measured, noise may impose a limiting factor. 

Disc recording heads and reproducers usually have a 
limited frequency range and a sharp cutoff. Harmonics that 
appear above the cutoff frequency may not be evident, and 
those that appear at the upper resonance frequency of the 
pickup may become greatly exaggerated. This becomes evi- 
dent when one examines the wave shape of the output voltage 


Sten. ty 
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Fic. 2. A recorded frequency of 7,500 eps was reproduced at 
4,000, 6,000, and 7,500 eps by means of a variable-speed turntable 
using a pickup that showed a substantial resonance peak at 12,000 
eps. The second-harmonic term for 6,000 eps can be noted in A, 
and the third-harmonic for 4,000 eps in B. Trace C for 7,500 eps 
is more nearly free from distortion. 
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from a pickup as a frequency record that has some distortion 
is being reproduced. At one-third the resonance frequency, 
third-order distortion will govern the wave shape, and at 
one-half the peak frequency, second-order distortion will 
predominate. As higher frequencies are reproduced, the 
pattern will once again become a sine wave (see Fig. 2). If 
the pickup is damped mechanically or if electrical compensa- 
tion is added in the filter to compensate for the peak, the 
distortion assumes its normal value. 

In summarizing, then, we find that for measuring the dis- 
tortion of phonograph systems we want a method that in- 
volves a record and that is sensitive to groove and stylus 
contact and to tracing distortion. We also want a method 
that will give representative results with systems of limited 
frequency range. 

To do this we need equipment that is relatively insensitive 
to phase and frequency changes due to wow and flutter, and 
preferably a type that has a restricted pass band so that 
distortion and not noise is the quantity measured. 

Methods of distortion analysis, such as the difference fre- 
quency method (CCIF) or the intermodulation method 
(SMTPE), where, as a result of intermodulation of the two 
frequencies, sidebands are produced within the frequency 
range of the system, may offer some advantages over the 
straightforward harmonic method. However, even though 
the harmonic method does not appear to be the best means 
of investigating phonograph distortion, it is advantageous to 
compare it with others because of its long usage and because 
it is based on values that are generally known and accepted. 


THIRD-HARMONIC METHOD 


From the mathematics developed by Hunt and Lewis,“ 
the equation for the third-harmonic term is 


3 PUP 
4V+ 
wr Put 


4 in 


% third harmonic = x 100 


where r = radius of the stylus tip. 
f = frequency of the recorded signal. 
u = recorded velocity. 
V = groove velocity (zdn, where n is the turntable 
speed and d is the record diameter for the 
groove under consideration). 


Third-harmonic distortion terms were calculated for fre- 
quencies ranging from 700 to 10,000 cps, and for groove 
velocities encountered in present-day recordings. Calcula- 
tions were made for a recorded velocity of 5.55 ips (about 
14 cm/sec), which is believed to be close to the maximum 


7H. E. Roys, Analysis by the Two Frequency Intermodulation 
Method of Tracing Distortion Encountered in Phonograph Reproduc- 
tion, RCA Rev., 10, 254-269 (1949). 


velocity now used in fine-groove recording. Other calcula- 
tions were made at a recorded level 10 db below this value, 
of 1.75 ips (4.44 cm/sec). 

It is customary, in phonograph recording, to tip up the 
hf end during recording and to roll it off in inverse manner 
during reproduction, in order to obtain an improvement in 
signal-to-noise ratio while still maintaining a flat overall 
frequency response characteristic. However, in order to 
keep the problem simple, the calculations in this article were 
based upon a constant-velocity recording characteristic for 
frequencies above 700 cps, and no tip-up was included. 


MANNER OF PRESENTATION 


It is believed that the manner in which the curve data are 
presented is of importance. A graph that covers the entire 
sheet is apt to convey a first impression that is difficult to 
overcome, even after a more thorough understanding of the 
scales has been achieved. For example, Fig. 3 shows the 
calculated values of third-harmonic distortion obtained for 
frequencies from 700 to 10,000 cps, at the groove velocities 
indicated, and for the maximum recorded velocity of 5.55 
ips. The frequency indicated is the frequency of the funda- 
mental, and the ordinate represents the third-order distortion 
value for that fundamental. The frequency of the third- 
order term is, of course, three times that of the fundamental. 
Yet, knowing all this, most readers who are familiar with 
phonographs will very likely reject the data as being mis- 
leading because the distortion values are so high. Compare, 
then, Fig. 3 with Fig. 4, where the same data are involved 
but a frequency scale that corresponds to the frequency of 
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Fig. 3. Caleulated values of third-harmonic distortion for a re- 
corded velocity of 5.55 ips. The frequency seale is for the funda- 
mental tone and not the harmonic. 
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Fig. 4. The data presented here are the same as in Fig. 3 except 


that the frequency scale is that of the harmonic tone and not the 
fundamental. 
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Fic. 5. Caleulation for third-harmonic term at a reduced level. 
This level is 10 db below the value used before. The frequency is 
that of the harmonic and not the fundamental. 


the third-order term, instead of the fundamental, is used for 
the abscissa. Figure 4 is believed to be more realistic be- 
cause the third-order terms are now pictured in their right- 
ful position in the frequency spectrum. For a phonograph 
of limited range, extending up to 4,000 or 5,000 cps, the 
maximum tracing distortion as indicated in Fig. 4 is of the 
order of 7%. Distortion of this order of magnitude does not 
appear too serious. 

For a wide-range system, the distortion will, of course, 
become more obvious. Figure 5 shows the results obtained 
for a level 10 db below the assumed peak recording level 
used for Figs. 3 and 4. Here, again, the frequency scale is 


that of the harmonic and not the fundamental. The values 
are low, and, even for a wide-range system extending out to 
15,000 cps, they are not alarming. For the peak recording 
level they would become much greater and, of course, more 
readily discernible. 


PLAYBACK LOSS 


The pressure created by the small spherical stylus tip 
resting on the groove side walls is considerable, and as a 
result there is some yield of the record material. Within 
limitations, it appears that the yield results primarily in 
a loss of output voltage, much as if the recorded level were 
reduced. If such is the case, the reduction in level will result 
in a decrease in distortion. Experimental work reported in 
the RCA Review’ for June, 1949, indicated this to be so, 
and the results are repeated in Table I. The calculated 
third-harmonic distortion for the various frequency bands 
being tested did not agree with the measured values. The 
playback loss due to yield of material was carefully meas- 
ured, and the third-harmonic distortion was again calculated, 
taking into account the apparent loss in level due to yield 
of the record. The results, as can be observed in Table I, 
then agreed much better with the measured values. More 
recent measurements tend to confirm these results. 

The measurements were made in the following manner, 
using the variable-speed turntable* which has been described 
before. Each recorded frequency was played back at a speed 
such that the reproduced frequency was 1,000 cps. For the 
6,000-cps band the turntable was slowed down to % of 33%, 
or 5.55 rpm; for 1,000 cps the speed was nominal, or 33% 
rpm. Such procedure offers several advantages. For ex- 
ample, the frequency range covered by the amplifier and 
pickup is the same for each set of measurements. Harmonics 
up to the fifth or seventh are well within range of the pickup 
response, since the seventh harmonic for 1,000 cps is 7,009 
cps. If the record were revolved at its nominal speed, the 
third harmonic of 6,000 cps would be 15,000 cps, and there- 
fore perhaps beyond the range of the reproducer and the 
harmonic analyzer. The mechanical impedance of the 


TABLE I. Effective Reduction in Recorded Level Due to Playback 
Loss Results in Reduced Distortion 


Third-harmonie distortion, % 
png 
Measured 


Caleulated 


Frequency, — 
No loss With loss 


eps 


Playback 
loss, db 


6,000 3. 12.0 4.4 
4,000 2.3 7.0 3.8 
2,000 38 2.0 14 
1,000 F 0.6 0.6 


8H. E. Haynes and H. E. Roys, A Variable Speed Turntable and 
Its Use in the Calibration of Disk Reproducing Pickups, Proc. Inst. 
Radio Engrs., 38, 239-243 (1950). 
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Fic. 6. Playback loss or loss in output voltage due to yield of 
the record material. 
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Fic. 7. Third-harmonie distortion with playback loss included. 
The recorded velocity before loss was the —10-db level or 1.75 ips. 


pickup is the same for the different sets of measurements and 
it is also low, since the free resonance of the moving system 
in air lies between 1,000 and 2,000 cps. The pickup is, 
therefore, easiest to drive throughout the range involved and 
so does not impose too great a load on the record. The trac- 
ing conditions are not changed by reproducing the disc at a 
lower speed, since there is no changed wavelength, curvature, 
or physical dimensions involved in tracing distortion. 

It appears that, to the first order of magnitude, playback 
loss or yield of material will result in a decrease in distortion 
and so should be considered in our study. Measurements 
with a pickup representative of those obtainable today for 
wide-range reproduction show that a playback loss, as illus- 
trated in Fig. 6, can be expected. Applying this loss as a 
reduction in level and recalculating for the third harmonic, 
we obtain the curves shown in Fig. 7. The greatest differ- 
ence results for harmonic frequencies above 10,000 cps, and 
the reduction would be observable only on a wide-range 
system. 


INTERMODULATION METHOD 


The intermodulation method, as successfully used, com- 
bines two frequencies, 400 and 4,000 cps, to form the test 
signal. The 4,000 cps signal is 12 db lower in level than 
the 400-cps tone. The combined signal, illustrated in Fig. 8, 
is passed to the device under test, and then to the analyzer. 
The analyzer filters out the 400-cps signal and also any 
second- and third-order harmonics of the 400 cps that might 
be present by means of the 1,600-cps high-pass filter. The 
remainder is treated as a 4,000-cps carrier that has been 
amplitude-modulated because of nonlinearity in the device 
undergoing test. The amplitude of modulation is measured 
with respect to the magnitude of the 4,000-cps carrier and is 
expressed as per cent modulation. 

From the theory presented by Hunt and Lewis*’ the ex- 
pression for the per cent intermodulation is as follows: 

244.2 
wR (24 + fa)? + (2h fe)? 


Vv 


x 100 


Us® 
+ nue) 


where wu; — 400-cps velocity. 
U2 = 4,000-cps velocity, normally 12 db below the 
400-cps level. 
fi = 400 cps. 
fe = 4,000 cps. 
r z= radius of playback stylus tip. 
V = groove velocity. 


Calculations were made with the low frequency of 400 cps 
and a high frequency ranging from 2,000 to 10,000 cps. 
Since lateral recording is push-pull, even harmonic terms do 
not appear in the mathematics and sidebands of the high 
frequency plus and minus 800 cps are the only ones of direct 
concern. These calculations were made for a stylus velocity 
of 1.75 ips and a groove velocity of 10 ips, which corres- 
ponds to a record diameter of 5.7 inches at a turntable speed 


Mixer 400 & 


ANALYZER 


ONS TORTION 400 & 4000 CPS MODULATED 
40% 


at 
CHARACTERISTIC (orst) 00 CPS MOOULATION 


Fig. 8. Intermodulation equipment; 400 and 4,000 eps are com- 
bined in a linear network as the test signal. In the analyzer the 
4,000-eps signal, now amplitude-modulated because of nonlinearity 
in the device, is treated as a modulated carrier. 
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Fic. 9. Results of IM calculations using a low frequency of 400 
eps and different high frequencies from 2,000 to 10,000 eps. The 
third-harmonic curves illustrated in Fig. 8 are included for com- 
parison. 


of 33% rpm. The stylus velocity of 1.75 ips is the sum of 
the maximum values of the 400- and 4,000-cps signals; or 
1.4 ips for 400 cps and 0.35 ips for 4,000 cps. The results 
are illustrated in Fig. 9, along with the results obtained for 
the third-harmonic calculations both with and without loss. 
The sidebands created as a result of distortion or nonlinearity 
are displaced equally on either side of the carrier frequency 
so that the mean frequency is that of the carrier. It is 
customary, therefore, to plot the per cent intermodulation 
with respect to the carrier. 

As before, the third harmonic is plotted with respect to 
the actual third-order term and not the fundamental fre- 
quency. It is interesting to note that the IM values are 
about four times the third-harmonic values. At 10,000 cps, 
for example, the third-order term is about 2.7% and the IM 
value is about four times this, 10.8%. This is more in keep- 
ing with the general, but somewhat erroneous, conception 
that the IM value should be approximately four times the 
harmonic value. There is no need of applying playback 
losses to the IM equation. The loss term that appears in 
the denominator and is subtracted from u2 depends upon 
the geometry of the stylus and groove and is small for low 
values of distortion. If we assume that it can be neglected 
for the values we are dealing with, then the only term that 
appears in the denominator is the velocity term “2. This 
now cancels out the #2 term in the numerator, leaving the 
distortion equation independent of the hf velocity. It is 
not independent of frequency, however, as the frequency 
term remains, so that the distortion increases as the square 
of the frequency. 

A frequency such as 400 cps offers advantages over a lower 
frequency for the following reason. The crossover frequency 
in disc recording, where lower frequencies are recorded on 
a constant amplitude basis, occurs at about 500 cps. Velocity 


is a function of both amplitude and frequency, and, if the 
amplitude is maintained constant as the frequency is de- 
creased, the velocity will decrease in the same proportion. 
The If velocity term u, appears as a squared term. If 100 
cps was chosen instead of 400 cps, the value would be one- 
fourth the 400-cps velocity. Squaring would give one-six- 
teenth, so that the per cent intermodulation would be re- 
duced by approximately 16. The test would no longer be 
sensitive to tracing distortion but could be used, for ex- 
ample, for measuring cutter distortion. It seems reasonable, 
however, that cutter distortion can be evaluated just as well 
by using 400 cps, since the amplitude of motion of the arma- 
ture and the stylus remains essentially the same for all fre- 
quencies below the crossover frequency. Therefore, a low 
frequency of 400 cps is preferred to 200 or 100 cps for disc 
recording purposes, where it is desirable to place emphasis 
upon a method that is sensitive to stylus and groove contact. 


DIFFERENCE FREQUENCY METHOD (CCIF)® 


In the difference frequency method,’ two signals are 
combined to form the test signal, but these two are usually 
changed together and held a constant frequency difference 
apart. The difference signal is measured and expressed as a 
percentage with respect to the sum of the magnitudes of the 
two test frequencies. The advantage of the method lies in 
the fact that the range up to the cutoff frequency of the 
system can be readily examined. 

For our analysis, the equation is the same as that used 
for the IM calculations, and the amplitude of each signal 
was made the same and equal to one-half the velocity of 
1.75 ips. 

Playback loss was also taken into account, and curves 
with and without loss are shown in Fig. 10. These curves are 
shaped as expected, showing an increase in distortion with 
frequency. The two test frequencies were taken to be 1,000 
cycles apart. For this case, the (2/; + fe), term that ap- 
pears in the equation is of no concern, since it is a sum, and, 
according to procedure, is not measured. This leaves 
(2f; — fe), and for f, equal to 9,000 cps and f» equal to 
10,000 cps, we have a frequency of 8,000 cps for the differ- 
ence term. .The calculated value of distortion in this in- 
stance was plotted at the difference frequency of 8,000 cps. 

Note that the ordinate scale is in tenths so that the distor- 
tion will be difficult to measure unless the noise is low. This 
appears to be a disadvantage of the CCIF method, par- 
ticularly for recording systems where low noise levels are not 
easily obtained. The method may prove useful in measur- 
ing distortion other than tracing distortion, but practical 
measurements are needed in order to truly evaluate it. 


9 International Telephonic Consultative Committee. 

10 A. P. G. Peterson, The Measurement of Non-Linear Distortion, 
presented at the Convention of the Institute of Radio Engineers, 
March, 1949 (Gen. Radio Tech. Publ. B-3). 
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Fic. 10. Caleulated curves for the difference frequency term that 
is a result of intermodulation. The two high frequencies were 
maintained 1,000 eps apart. 


PRACTICAL RESULTS 


Measurements have been made using the third-harmonic 
method, and also the IM method, for frequencies of 400 and 
4,000 cps. The third-harmonic method requires an an- 
alyzer with a suitable pass band and a turntable of low 
wow content. Second-order terms have been found to exist, 
even though the theory does not allow for them. Pictures 
of worn styli usually show more wear on one side than the 
other, indicating unequal pressure on the groove side walls. 
It is possible that such unequal pressure results in even order 
distortion. It is therefore desirable to measure both even 
and odd order terms. It is of interest to note that the IM 
analyzer with its filters measures both even and odd order 
terms and should, therefore, give an accurate evaluation. 
It was also observed that the rate at which the third har- 
monic increased, as smaller diameters were encountered and 
the playback loss increased, was less than the rate at which 
the second harmonic increased. Apparently, the advantage 
resulting with less third-harmonic distortion due to yield of 
material is offset by the increase in second-order distortion. 
It then becomes questionable whether the overall distortion 
is decreased or increased. 

Results" obtained with the IM method a number of years 
ago showed good correlation with calculated values. Records 
were cut and processed, and many measurements were made 
with the pressings. In one particular case, the rapid in- 
crease in distortion that occurs as smaller record diameters 
are reached was observed with a pickup having a 2.5-mil 
radius tip before it was obtained with a large tip radius, 
which is contrary to theory. Close examination showed a 


_ 11H. E. Roys, Intermodulation Distortion Analysis as Applied to 
Disk Recording and Reproducing Equipment, Proc. Inst. Radio Engrs., 
35, 1149-1152 (1947). 


flat of 1.2 mils in length at the stylus tip to be the cause of 
the increased distortion. Hence, the method appears to be 
sensitive to stylus wear. 

In making the pressings, one master was polished exces- 
sively in order to determine the effect of such mistreatment 
with respect to distortion. The change in intermodulation 
was large and much greater than the change in 400-cps dis- 
tortion, which was measured by a total harmonic type of 
distortion meter using a separate 400-cps band that had been 
recorded for such purposes. 

Good correlation between measurements and listening tests 
have been obtained, and data obtained by the IM method 
were used advantageously in designing the 45-rpm record 
system.'” 

The IM method has also been used in pickup develop- 
ment work to determine the vertical force required at the 
pickup in order to obtain good tracking.’* 


CONCLUSIONS 


To sum up the results of this study of the three methods 
of distortion analysis as applied to phonograph reproduction, 
the following points are presented: 


1. Pickup linearity can be checked without reproducing a 
record, and it may be advisable to do so, but measurements 
should be made with a disc in order to obtain a true evalua- 
tion of the distortion encountered in reproduction. 


2. The third harmonic, as plotted with respect to third- 
order term instead of the fundamental, presents a more 
realistic picture than the ordinary method of presentation. 
By such presentation, a better agreement with listening tests 
becomes more apparent. 

3. The third-harmonic method is difficult to apply, and 
some of the higher terms may be beyond the range of the 
pickup or even the range of the measurement equipment. 

4. The difference frequency method (CCIF) appears to 
offer advantages because of the possibility of analysis up to 
the cutoff frequency. It is unfortunate that such low noise 
requirements exist, as they may make this method difficult 
to use for tracing distortion measurements. It may prove 
useful in equipment distortion studies. The second-order 
distortion term should also be measured, in addition to the 
third-order term, in order to obtain a better overall evalua- 
tion. Measurement experience is needed for a better evalua- 
tion. 

5. The IM method using a low frequency such as 400 cps, 
with some higher frequency, is sensitive to the type of dis- 
tortion encountered in record reproduction and hence is well 
suited for phonograph distortion analysis. 


12 B. R. Carson, A. D. Burt, and H. I. Reiskind, A Record Changer 
and Record of Complementary Design, RCA Rev., 10, 173-190 (1949). 

13H. E. Roys, Determining the Tracking Capabilities of a Pickup, 
Audio Eng., 34, 11-12, 34-40 (May, 1950). 
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6. With the 400- and 4,000-cps IM method, good cor- 
relation has been obtained with measurements, calculations, 


although not encompassing a wide frequency range, yields 
results that are useful in the analysis of phonograph distor- 


and listening tests. The test with these two frequencies, tion. 


_ JANUARY 1953, VOLUME 1, NUMBER 1 


a JOURNAL OF THE AUDIO ENGINEERING SOCIETY 
fe wheat Shes tae TRetede se atats Tae ane 0 lh al a POPS CE tS ST a a a ee La ose eee 


Basic Problems in Audio Systems Practice 


. W. E. Stewart 
Broadcast Audio Engineering, RCA Victor Division, Camden, New Jersey 


A discussion of the fundamental problems involved in the design of a typical audio system, 
whether for a broadcast station, a recording studio, a paging or intercommunication system, or a 
high-fidelity home reproducer. The importance of levels, noise, and power output capability is 
shown, and general practice with respect to circuit layout is discussed. The paper concludes with 


a number of suggestions to aid the system designer. 


_ PLANNING audio systems there are a few basic rules 

and limits to follow which will avoid most of the difficulties 
normally encountered. This paper will be devoted to broad- 
cast practice, but the same rules can be applied to a paging 
system, an intercommunication system, a high-fidelity home 
reproducer, or even the internal design of an amplifier if the 
limits are adjusted to fit the application. 

In broadcast studio work we are normally interested in 
overall performance specifications which read approximately 
as follows: 

30-15,000 cps 
60 db 
Less than 1% 


These three limits largely determine the fidelity of the system 
and have been developed over the past thirty years’ experi- 
ence in broadcasting as acceptable performance. They are 
related compromises, and they also are related in some 
degree to cost, as will be seen later. There are, of course, 
a large number of other factors to consider in putting a 
studio system together. The number of microphone and 
mixer channels desired, the arrangement of switching, the 
points at which level must be read, the number of outputs, 
and the monitor circuits are some of the main items. For 
this paper, we shall assume a simple system to illustrate the 
basic limits. 

Normally only a block diagram is drawn to show the 
basic arrangements of components, switching, etc., and the 
levels at various points are marked on this diagram. How- 
ever, we are showing a separate level diagram (Fig. 1) to 
make the problem clearer. 

We have stated that the signal-to-noise limit is 60 db. 
Experience and theory tell us that the lowest noise level we 
can expect in a vacuum-tube circuit used in wide audio 
band amplification is about -125 dbm. In practice —120 


Frequency response: 
Signal-to-noise ratio: 
Distortion: 


dbm is more likely to be encountered. Therefore, if we let 


the signal level drop below —60 dbm anywhere in our system, 
we will no longer be able to maintain the desired 60-db ratio. 


The peak output of high-fidelity microphones and phono- 
graph pickups is approximately —60 dbm with a normal voice 
at the normal distance. This fortunate circumstance is not 
entirely accidental. As the microphone designer strives to 
obtain wider and smoother frequency response, he finds his 
output level going down. Through the years the most satis- 
factory compromise has been found in the limits already 
stated. 


There are, of course, other variables. If the designer could 
make the microphone larger, or heavier, or less rugged, or 
much more expensive, he might improve signal level and 
frequency response together; but the broadcaster has de- 
mands which limit the designer in these directions also. 

Since the output of the microphone is almost at the low 
noise limit, we cannot insert any devices which will cause 
further loss at this point in the system. The microphones 
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therefore connect directly into amplifiers. These are com- 
monly called preamplifiers, since they must be used before, 
or previous to, any switching or mixing circuits. 

Although practice varies somewhat, a gain of 40 db is 
commonly used in the preamplifier, and that is the value used 
in the diagram. So far, we have been speaking of the mini- 
mum level permissible. A microphone does not always have 
a normal voice at normal distance. It may have the loudest 
brass of an orchestra pointed directly at it. In such a case, 
the peak level from the microphone may be as high as —30 
dbm. This means that the output of the amplifier will reach 
+10 dbm. Higher gain in the preamplifier means that it 
must handle still higher output levels, which means larger 
tubes and transformers and much more expensive amplifiers. 
A 40-db gain has been found to be a practical compromise 
in this respect. 

The preamplifiers now have the signals at a high enough 
level to insert switching and mixing devices. Most of the 
variations in level between different microphones or between 
different performers on the same microphone are taken care 
of by the mixer controls at this point in the system. The 
microphone channels are also switched on and off at this 
point. However, a “master” control is almost invariably 
needed to produce overall changes in level. Modern practice 
calls for six to eight or even more input mixers. As can be 
seen by reference to the level diagram, the mixer losses in 
such a system lower the signal to the point where it is not 


possible to insert this master control without dropping the 
signal below the noise limit. Therefore, a “booster” ampli- 
fier is inserted in the main channel after mixing and before 


the master gain control. This booster usually is identical 
to the preamplifier, since it is working at the same levels. 

After the master control, a program amplifier is used. This 
amplifier has more gain available and more output capability 
than the preamplifier or booster amplifier. The telephone 
company usually requires that the level into their lines be 
limited to +18 dbm. It is wise to put two devices between 
the program or line amplifier and the line. The first is a 
transformer to eliminate a dc connection between the studio 
system and the telephone company. It also minimizes 
trouble from unbalanced circuits. The second is a pad or 
fixed attenuator. This prevents variations in line impedance 
from being reflected into the amplifier and causing poor fre- 
quency response. Assuming that the line output is +18 
dbm, the line transformer has a 1-db loss, and the line pad 
a 6-db loss, the program amplifier output must be capable of 
supplying +25 dbm without serious distortion. 

It will be noted that this is the first point in the system 
where the level of the signal is high enough for the applica- 
tion of a VU meter. This is only one of the reasons why 
the meter is placed where it is in the circuit. It is desirable 
to have the meter follow all the amplifiers in the direct 
program circuit, so that failure of the program due to any 


cause will be noticed immediately. A minimum of com- 
ponents and circuits separate the meter from the outgoing 
channel, so that it provides a positive indication of the out- 
going program. At the same time, the meter is sufficiently 
isolated from line impedance variations to give a true read- 
ing over the desired band of audio frequencies. 

The monitor circuit has been included in the diagram to 
make a reasonably complete system and to show why a 
monitor amplifier frequently needs high gain. A switch in 
the input circuit allows the operator to cue a record while 
other circuits are transmitting the program. Sometimes 
this switching is done directly at the turntable. This means 
that the monitor amplifier must have sufficient gain to 
amplify from pickup level to loudspeaker level. Its input 
stage should approach the theoretical in quietness, and the 
output stage must drive a loudspeaker at comparatively high 
level with low distortion. The frequency response must be 
as broad as the program system. 

All the levels in the diagram have been shown in terms 
of maximum signal levels and are the values that would be 
set up in such a system when being tested with a steady tone 
signal. It should be noted that the FCC standard test pro- 
cedure calls for 60-db signal-to-noise when measured with 
reference to a —50-dbm input signal. This means that one 
might theoretically obtain a 70- or 75-db figure for signal- 
to-noise. However, practical installation problems, hum, 
amplifier noise, rf pickup, grounding problems, etc., make 
even 60 db difficult to attain at times. 

Once such a system has been tested with +18 dbm at the 
line terminals, the VU meter should be readjusted by 10 db 
so that the meter reads zero when a signal of +-8 dbm is put 
on the line. Experience has shown that the actual program 
peaks may be as much as 10 db above the peak meter indica- 
tion. This is due to the nature of sound signals and the 
ballistics of the VU meter. Therefore, reading the VU meter 
at +8 VU on program material assures the operator that 
peaks will not normally be above the capability of the system 
or +18 dbm. Some sounds are exceptions to the 10-db rule, 
so the ear and judgment must be used as well as the meter. 

A consolette normally contains all the components de- 
scribed above. The master gain is usually an interstage 
control in the program amplifier, so the second tube in this 
unit may be the limiting item with respect to noise level. 
The system should be so adjusted that this tube is cor- 
rectly used. 

Although the system described above is simple compared 
to usual practice, the most common basic difficulties en- 
countered in systems planning have been explored here. Some 
of the other items to watch are as follows: 

Do not load the microphone circuit with a resistor or 
attenuator. Most microphones are made to work best into 
a transformer with an unloaded secondary. The loading 
will lower the output level and change the frequency re- 
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sponse. This, in addition to the noise level problem, is the 
reason low-level mixers are seldom used where the best per- 
formance is desired. 

Do not switch live circuits at microphone level. Contact 
noises, rf noise, dc leakage, etc., give excessive clicks in most 
cases. They may usually be switched at this level without 
trouble when the circuit is dead. 

Follow good wiring practice throughout. Careless routing 
or grounding of a high-level circuit can add that bit of noise 
that makes the system miss specifications, too. Of course, 
the low-level circuits must be carefully installed and sepa- 
rated from high-level and power circuits. 

Impedance matching must be watched. The old 250-ohm 
and new 150-ohm standards cause much confusion. Actually, 
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in most places, no trouble is encountered if the difference is 
simply ignored. The same is true of 500-600 ohms. How- 
ever, equipment in which this is done should be examined 
after installation. A small amount of resistance padding 
may be necessary to adjust the frequency response. It is 
wise to allow a little spare gain for such a possibility. 

Try to use the same levels, gains, and impedances in as 
many parts of the system as possible. This will make it more 
flexible if a fast substitution of components is necessary. 
The levels commonly used are microphone (approximately 
--60 VU); line and master input (approximately -20 VU); 
and program bus (+8 VU). This last figure is the one most 
commonly used for distributing the program to other parts 
of system, such as the recording room and office monitors. 
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Audio-Frequency Input Circuits 


Wrtiam B. Syow* 
Vitro Corporation of America, New York, New York 


Radio-frequency input circuits receive much attention; audio circuits are frequently taken for 
granted. Where signal levels are low, they also require careful design. The paper discusses the 
fundamental factors that must be considered if the best performance is to be obtained under a 


given set of circumstances. 


INTRODUCTION 


ADIO-FREQUENCY input circuits have received a great 

deal of attention in the literature, but those for audio- 
frequency systems seem usually to be taken for granted. 
With relatively high levels of input signal this does no great 
harm, but when signal levels are low a poorly designed input 
circuit may cause an irreparable loss in signal-to-noise ratio. 
Excellent presentations of the fundamental principles are 
available, but they are scattered through a series of publica- 
tions over a period of twenty years or more. It has been the 
writer’s experience that most engineers, and particularly the 
younger ones, have only a hazy idea of these principles or 
of where to find them. The purpose of this paper, therefore, 
is to bring together useful concepts from this body of 
knowledge and to illustrate their application to some prob- 
lems of practical interest. 

Naturally, the fundamentals do not change as the fre- 
quency range varies. However, the importance of differing 
practical factors varies widely, and the discussion is limited 
primarily to the af range, which may be defined as 20—20,000 
cps. In this paper an input circuit is defined as that 
circuit which couples an “electrical generator” to a vacuum- 


* Director, Physical Research and Development. 


tube amplifier. Examples of “generator” are telephone lines, 
microphones, phonograph pickups, photocells, magnetic tape 
pickup coils, and strain gage bridge circuits. It is also 
assumed that the signals are always smaller than the grid 
bias, so that the tube presents a high impedance. 

In any well-designed communication system an economi- 
cal balance has to be struck between effectiveness of trans- 
mission and interference. In more homely language, an 
adequate signal-to-noise ratio (S/N) must be obtained. 
The requirements are not fixed; in a system such as sub- 
marine sonar very small values will yield detection of wanted 
signals, whereas in high-fidelity sound-reproducing equip- 
ment any audible system noise reduces the faithfulness 
of reproduction. In either case, the selection of a satis- 
factory S/N is a matter of judgment; whether or not it can 
be realized depends upon the physical circumstances. If 
the signal is small, proper design of the amplifier input circuit 
is frequently of great importance in preserving the S/N 
inherent in the signal generator. 


BASIC NOISE 


It is well known that, even if all outside interference is 
successfully eliminated, there remains in a generator an 
electrical noise caused by the thermal agitation of charge 
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in the conductors. This noise arises only in the resistive 
elements of the generator, but this does not refer only to the 
dc resistance of the conductors. It is the “dynamic” resist- 
ance measured during representative operation, including 
resistive components due to losses such as eddy currents 
and hysteresis, and, in the case of electromechanical trans- 
ducers, the mechanical radiation resistance and losses as 
reflected into the electrical circuits. Any effect which 
absorbs power causes “thermal noise.” These agitations are 
called Brownian movements in physical media and the 
Barkhausen effect in magnetic phenomena. 

In any circuit the average noise power, N, in watts, is 
given by the relation 

N = 4KFT (1) 

in which K = Boltzmann’s constant = 1.374 « 10°. 


F = frequency bandwidth in cycles per second. 
T = temperature in degrees K. 


This power is seen to be proportional to absolute tempera- 
ture. If an average room temperature is taken as 298°K, 
the range of circuit temperature ordinarily expected is 
certainly no more than 250-360°K. At these extremes the 
noise would vary only +0.8 db; consequently, in most 
engineering work, the temperature factor is neglected, and 
the formula is reduced to its value at 298°K: 

N = 1.64 X 10°°F (2) 
Note that the noise power is independent of the absolute 
value of frequency; it has the same value for a given band- 
width at any point in the spectrum and is often said to have 
“constant power per cycle” or to be a “white noise.” It is 
also independent of the value of the resistance. 

It is customary to plot the levels of distributed noises 
as a function of frequency in terms of 1-cycle bandwidths, 
giving by definition “spectrum level.” For a 1-cycle band- 
width this power is, of course, 1.64  10°° w, or approxi- 
mately 198 db below 1 w. It is therefore 168 db below 1 mw, 
the standard zero level adopted by the Bell System and the 
major broadcasting networks: 

Of course, it must be realized that this noise is of a 
random or statistical character. The average power over 
a considerable period of time is constant for any bandwidth; 
but at any given instant one can say only that the proba- 
bility of a given power is equal for all equal bandwidths. 
If resistance noise is measured through narrow-band filters, 
its fluctuating character is readily apparent. 

When external connections are made to a circuit of resist- 


1J. B. Johnson and F. B. Llewellan, Limits to Amplification, Bell 
System Tech. J., January, 1935. 


ance R, the thermal agitation causes currents to flow in the 
circuit as if a voltage 


V,=V1.64 X 10“°FR (3) 


were applied to it in series with resistance R. V, is an rms 
summation of voltage components equally probable at all 
frequencies in the frequency band F and is seen to be not 
independent of resistance but proportional to VR. It is 
designated V, to emphasize its random character. It is 
convenient to remember that thermal noise voltage is 198 
db below 1 v in a 1-ohm resistance for a 1-cycle bandwidth. 
For any actual case the voltage level is computed by adding 
10 log R and 10 log F to -198. These values may be looked 
up in a table of decibels vs power ratios or easily read from 
a slide rule. For example, what is the thermal noise voltage 
level in a circuit of 4,000 ohms resistance, in the af band of 
20-20,000 cps? It is—198 + 10 log 4,000 + 10 log 20,000, 
or —198 + 36 + 43 = 119 db below 1 v. 

In this example R is assumed constant over the range F, 
and the formula holds only when this is true. In many 
circuits, however, R varies widely in the frequency band of 
interest. In these cases the band must be broken up into a 
series of narrower bands in which R is constant enough for 
the accuracy required. A value of V,” is calculated for each 
band, and the total V, is the square root of the sum of 
these values. Actual voltages or voltage ratios must be used 
for these calculations, not voltage levels in decibels. 


SIGNAL-TO-NOISE RATIO OF A GENERATOR 


In any useful generator an open-circuit voltage repre- 
senting the desired signal will exist. By Thévenin’s theorem,” 
the generator may be represented by impedance-less voltage 
generators of signal and noise connected in series with a 
simple impedance equal to the measured impedance looking 


into the generator terminals. Figure 1 represents this 


Zs 


Fic. 1. Equivalent generator circuit: e = generated signal volt- 
age; v, = noise rms voltage, calculated from r; r— effective dy- 
namic resistance of generator; + — effective dynamic reactance of 
generator; Z— possible load impedance. These values may be 
functions of frequency. 


2F. E. Terman, Radio Engineers’ Handbook, 1st ed., p. 198, Mc- 
Graw-Hill Book Co., New York, 1943. 
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Fic. 2. Signal and noise frequency characteristics. 


condition. The symbols used were selected for clarity in 
this paper only. At any frequency, signal and noise voltages 
will be treated alike by the external circuit represented by 
Z in dotted lines. Therefore, in decibels, 

S/N = 20 log (e/V,) (4) 
for any narrow frequency band, no matter what Z may be. 
This is the maximum possible ratio, since this noise cannot 
be eliminated. In practice e may be a sine wave, or an rms 
summation of components of a distributed signal in the 
narrow frequency band selected. 

The only controllable factor in the noise equation is F, 
the bandwidth. This should be made only wide enough 
to accommodate the desired signal. In af systems which 
usually have bands wide in octaves, the ratio e¢/V, ordinarily 
varies with frequency. Figure 2 shows a case in point, where 
a microphone of constant sensitivity and resistance (solid 
lines) is used to pick up the signal of varying frequency 
composition shown. If the S/N were read on a volume 
indicator accepting the frequency range 100-10,000 cps, 
a value of about 30 db would result. However, for signal 
frequencies near 10,000 cps, the S/N is negative. If 
these signal frequencies are important, it is necessary to use 
a different microphone which in some manner is given a 
greater ratio of sensitivity to resistance at the higher fre- 
quencies, as suggested by the dotted lines. Here a S/N 
unnecessarily large at low frequencies is reduced to secure 
a useful S/N at high frequencies. This, of course, is what 
is done in pre- and post-equalization of sound recording 
systems. This point has been discussed in this detail to 
emphasize that the design of the generator itself must be so 
correlated with the pickup conditions that useful S/N 


results over the whole frequency range desired. No refine- 
ments in an input circuit design can overcome fundamental 
faults in the generator. Although this seems self-evident, 
it is often overlooked. 


OPTIMUM IMPEDANCE FACING A RESISTIVE 
GENERATOR 


Obviously, the circuit coupling the generator to the grid 
of the first amplifier tube should preserve as much of the 
inherent generator S/N as possible. Consider the case of 
a generator of resistance r connected to a grid with grid- 
cathode resistor R, as shown in Fig. 3A. The tube input 
impedance is considered to be so high as to have negligible 
effect on the circuit. 


a '.s 
Open Circuit 
Fic. 3. Resistive generator. 


The generator has signal voltage e and noise voltage V,, 
acting to send currents through r and R and to produce 
voltages across R which are applied to the grid. The signal 
grid voltage is 


R 
*=Ryr’ (8) 
and the noise voltage contributed by the generator is 
R 
Viy= ee V, (6) 


However, R also contains a noise voltage source Vz which 
sends currents through R and r and produces additional 
noise voltage across R to be applied to the grid: 


r 


odes FT be 


R (7) 


The total grid noise voltage is then the square root of the 
sum of the squares of these two, or 


R 2 r 2 
V, =[ (vets) +(e 727) ] (8) 
or Ve= v(*)" 
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From eq. 3 it follows that 
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Making use of this relation, and simplifying the expression, 


we get 
R "% 
="(a5> =) 


The noise voltage is seen to vary as the square root of the 
variation of the signal voltage as R is changed. 

Another way of obtaining the noise voltage follows: 
From a thermal noise standpoint the grid faces a resistance 
r, equal to r and R in parallel, receiving a noise voltage 
corresponding to this value. 


(10) 


_ &«&Rr 
~ R+r 


19 


(11) 


The noise voltage (see eq. 9) is proportional to the square 
root of the ratio of resistance, or 


Rr “a 
v,=V| Rtr | —y(_* Y 
e r Vass) (108) 


which is the same as eq. 10. Although it is admittedly 
obvious that the noise voltage of a combination of parallel 
resistors cannot differ from that of a single equivalent 
resistor, the concept of a voltage-dividing and summation 
action which brings this about, as exemplified by eqs. 6, 7, 
and 8, is often most convenient in circuit analysis, par- 
ticularly when reactances are involved, as will be shown 
later. 


It is now possible to compute the S/N at the grid. 


(12) 


R 
ly ( R+ -) oe R \% 
. of 5=¥(Ra7) 
: (i 3 ‘) 
It can be seen that, if R is large compared to r, the expres- 
sion under the radical approaches 1, and the S/N is essen- 
tially unchanged. Common sense shows this to be true, 
since in the case of R = ©, or open circuit, illustrated by 
Fig. 3B, the only voltages applied to the grid are those of the 
generator. However, eq. 12 also shows that, for any other 
value of R, S/N is reduced, and eq. 5 demonstrates a reduc- 
tion of e,. Consequently, the optimum impedance facing 
the generator is an open circuit, or in practice as high an 
impedance as can be obtained. The higher the grid circuit 


impedance facing the generator, the greater is the actual 
output and S/N. 


This is at variance with the frequent dictum that imped- 
ance must be matched. It is quite true that matching is 
required for maximum transfer of power; but the grid 
circuit does not absorb power, and preservation of S/N 


becomes the criterion. In some cases it may be necessary to 
match the impedance, for example, in the case of a long 
telephone line, to reduce reflections and impedance irregulari- 
ties. Then we have R = r, and by eq. 5, eg = %e, and 


by eq. 12. Thus, matching reduces the grid voltage by 6 db 
and the S/N by 3 db. As the terminating resistance is pro- 
gressively lowered, both the grid signal and S/N continue to 
decrease. ; 


OPTIMUM IMPEDANCE FACING A REACTIVE 
GENERATOR 


If the generator impedance contains reactance, conditions 
will be more complicated and, in general, results will be 
functions of frequency. However, the generator impedance 
can always be represented by its equivalent series network, 
as shown in Fig. 4A, with r and x varying appropriately with 
frequency. Only r contributes the noise voltage V,, but it 
is reemphasized that this includes all losses and may vary 
with frequency or voltage. If the open-circuit termination 
of Fig. 4B is used, e, and V, equal e and V,, respectively, 
and the generator S/N is unchanged. If a terminating 
impedance Z (Fig. 4A) consisting of a pure reactance (X) 
is employed, e, and V, will be less than e and V, by the 
voltage-dividing action of z and Z, but S/N will not be 
affected. However, if Z has a resistive term (R), it will 
add to the thermal noise, and S/N will be reduced. Conse- 
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Fig. 4. Reactive generator. 
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Fig. 5. Signal and noise frequency characteristics—reactive gen- 
erators terminated by resistor. 


quently, in the case of a reactive as well as a resistive 
generator, the optimum “load” is an open circuit. 

There are several special cases of input circuits for re- 
active generators which deserve special mention. If Z is 
made like z, so that X/R = x/r at all frequencies, the input 
circuit will introduce no frequency characteristic of its own. 
For example, grid-to-cathode and cable capacitance cause 
signal loss but no frequency distortion with a condenser 
microphone. 

Frequently, Z is a resistance R which will equal x at some 
frequency fo. Figure 5 shows curves of signal and noise 
voltage levels applied to the tube grid for inductive and 
capacitive generators, plotted against f/fo. Curves A, B, C, 
and D for the inductive generator give the loss in decibels 
of signal voltage applied to the grid, caused by the increasing 
reactance. Since inductive generators frequently have 
fairly high resistance, the curves are given for several values 
of r. Curve E represents the noise voltage as a function 
of frequency, for r = 0. The shunting action of the react- 
ance at low frequencies reduces the noise from R. At low 
frequencies the noise is low and the signal high. If the 
generator has appreciable resistance, this effect is greatly 
lowered, as shown by curve F. It will be seen from curves 
C and F that, when x becomes small, the situation reduces 
to that discussed for matched resistive generators, where the 
signal is reduced 6 db, the noise 3 db, and S/N 3 db. 

Curve E also represents the loss in signal for a capacitive 
generator, and curve A, the shunting effect of the decreasing 
reactance at higher frequencies on the noise. Only curves 
for ry = O are shown, since the resistance term is usually 
negligible. The signal is high and the noise low at high 
frequencies in this instance, the reverse of the inductive case. 

If flat frequency characteristics are desired, fo should 
be placed outside the operating range, above for inductive 
and below for capacitive generators. This is a restatement 
of the previous conclusion that best results are obtained 


when the generator faces a high impedance. If frequency 
discrimination is desired, as in pre- and post-equalization for 
FM broadc4sting, it may be obtained by placing fo in the 
operating range according to the curves of Fig. 5. However, 
this reduces S/N in the attenuating region, and if generated 
signals are small it is preferable to equalize at a higher level 
point in the system. 

A further advantage of the open-circuit connection is that, 
if x varies with temperature or any other uncontrollable 
factor of environment, no change of frequency character- 
istic results. With x-cut Rochelle salt crystal generators, x 
varies about 10:1 in the useful temperature range. Obvi- 
ously, if such a generator is loaded, the response will vary 
greatly with temperature. 

In many applications where only a narrow frequency range 
is of interest, tuning is employed. A series-tuned circuit is 
used particularly when the generator is a reversible trans- 
ducer and is used alternately for transmitting and receiving. 
If tuning action is to be realized, such a circuit requires a 
terminating resistance R. If good tuning is preserved, the 
Q must be high; this prevents the use of a high value of R, 
since it is one of the elements of the tuned circuit. Probably 
the best compromise results when R is made equal to the 
dynamic generator resistance r. At resonance, the tuning 
reactance neutralizes the generator reactance and con- 
ditions are the same as for a matched resistive generator. 
This gives 6 db lower signal and 3 db lower S/N at reson- 
ance than an open-circuit coupling. At other frequencies the 
signal voltage is reduced; but the noise voltage from R 
increases to a maximum of 3 db greater and is not attenuated 
by the tuning, since it is on the tube side. This condition, 
then, is not desirable for reception from the S/N standpoint, 
unless the signal is high and interference comes primarily 
from interfering signals. 

On the other hand, if a “parallel” resonant coupling is 
used, where grid and cathode are connected across one of 
the tuning elements, the signal and noise voltages are 
treated alike by the tuning action at all frequencies. There- 
fore, at resonance the actual grid voltage is much greater 
than the generated voltage, but S/N remains the same as 
for open-circuit coupling. At other frequencies both signal 
and noise are reduced. This is the preferable tuned input 
circuit, but of course it is usually unfavorable as a driving 
circuit, since it requires high driving impedance and voltage. 


TUBE NOISE 


So far, only the noise produced by the generator itself 
has been considered, but in the actual circuit the amplifier 
tube to which it is connected also contributes noise. Al- 
though there are various possible sources of noise, only the 
plate resistance noise is significant in tubes properly oper- 
ated. Except at very low frequencies, this is ordinary 
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thermal noise with constant energy per cycle and can be 
calculated from the plate resistance at the temperature of 
the emitter. Pearson* has found that the noise of a tube 
can be expressed in terms of an “equivalent noise input 
resistance” which, if connected between grid and cathode 
of a noiseless tube, would produce the same noise power in 
the output circuit. Of course, there are no noiseless tubes 
and, in practice, this resistance is determined as that which 
doubles the tube noise observed with grid connected directly 
to cathode. Experience has shown that this tube noise is 
treated by the tube output circuit as though it actually 
originated in the fictitious input resistance, but that it is 
independent of the input circuit. The advantage of this 
concept is that it makes possible an accurate experimental 
determination of tube noise in an actual circuit without 
measurements of gain, bandwidth, or the plate circuit con- 
ditions of the tube, it furnishes an easy method of comparing 
tubes as to noise performance, and it gives a direct method of 
estimating the effect of tube noise upon the S/N of an input 
circuit. The equivalent noise input resistance varies with 


the tube and operating voltages, but reasonable practical 
values for calculation are 1,000 ohms for triodes and 8,000 
ohms for pentodes.* If the actual resistance of a generator 
facing the grid of a triode, therefore, is 1,000 ohms, the noise 
power output will be half from the generator and half from 
the tube. The inherent S/N of the generator has been re- 
duced by 3 db. Other values are illustrated by Table I. 


For the quietest tubes, if the generator resistance is less 
than 200 ohms, practically all the noise will be contributed 


Tasie [ 


Amount by 
which generator 
noise is increased 
by tube noise, db 


Generator noise 
greater (+) than 
tube noise, db 


—l4 14.2 
—10 10.4 
—i7 7.8 
— 3 4.8 

0 3.0 
+3 1.8 
+7 0.8 
+10 0.4 
+14 0.15 


* Ratio of effective generator resistance to equivalent noise input 
resistance of the tube. The effective generator resistance may be the 
actual generator resistance, or the effective resistance looking into an 
input transformer’s terminals, if a transformer is used. This will be 
the transformed generator resistance plus the effective resistance of 
the transformer. 


3G. L. Pearson, Fluctuation Noise in Vacuum Tubes, Bell System 
Tech. J., October, 1934, p. 634. 

4B. J. Thompson, D. O. North, and W. A. Harris, Fluctuations in 
Space-Charge-Limited Currents at Moderately High Frequencies, 
Parts I-V, RCA Rev., January, 1940, to July, 1941; particularly 
Part V (W. A. Harris, April, 1941, pp. 505, 518, 520). This reference 
is particularly recommended, as it gives formulas for calculating the 


equivalent noise resistance, with data for tubes in common use at the 
time. 


by the tube, whereas from the standpoint of thermal tube 
noise, it is hardly worth while to raise the generator imped- 
ance above 50,000 ohms. 

It will be noticed that pentodes are noisier than triodes 
by a few decibels and should not be used for lf amplification 
where maximum quietness must be obtained. On the other 
hand, the dynamic input capacitance of pentodes is of the 
order of 6 puf, compared to 20 pyf or more for triodes. In 
broad-band hf amplifiers these capacitances by their shunting 
action limit the coupling resistance values that can be used 
with a given uniformity of gain vs frequency. In such cases 
pentodes may not be at a disadvantage. Appropriate use 
of feedback can juggle these quantities around, but only 3 or 
4 db at most. In practice, when it is necessary to secure 
the lowest noise possible, each job has particular require- 
ments that necessitate a particular solution. 

Many current generators have impedances which are 
mainly reactive. In such cases, the effective resistance is 
small compared to the tube effective resistance, and the tube 
supplies substantially all the noise. The inherent S/N of the 
generator can never be realized over a wide frequency band, 
but obviously the generator should deliver as high a signal 
voltage to the tube as possible. For cases like this it is more 
convenient to state the tube noise in terms of microvolts 
equivalent input. For a “1,000-ohm” triode, and a 10,000- 
cps band, this voltage would be —128 db from 1 v, or 0.4 pv 
rms. 

These values assume no other source of noise, though 
hum from ac-operated heaters and microphonic noises caused 
by mechanical agitation are often present in practice. How- 
ever, they can be eliminated, the hum by dc operation and 
the microphonics by sufficiently flexible mountings. An 
additional source of noise comes from carbon resistors carry- 
ing direct current. In a particular test, the substitution of 
wirewound resistors in plate and cathode circuits of a 1603 
tube reduced the noise 14 db and gave an equivalent noise 
input resistance of 7,500 ohms. 

Feedback will not change the fundamental noise rela- 
tionships. The noise is generated inside the tube as varia- 
tions in the steady flow of plate current, just as are those 
variations produced by changes in grid voltage. They will 
be affected by external feedbacks just as the signal voltages 
will be, and consequently the S/N is unchanged by feed- 
back. This is true so far as actual signal voltage on the grid 
is concerned; but if the feedback lowers the tube input 
impedance to the point where it is no longer high compared 
to the generator, thus lowering the grid signal voltage, S/N 
will be reduced. On the other hand, feedback may raise the 
input impedance, causing higher grid signal voltage and 
improving S/N. 

Feedback is ordinarily considered to reduce the amplifier 
noise and, therefore, to increase S/N. But it must be 
remembered that this effect of feedback results from the 
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reduction of amplification, which requires that input voltage 
be increased an equal amount to maintain the same amplifier 
output as without feedback. In an input circuit the gen- 
erator voltage is fixed; therefore, the output signal and 
noise are both reduced by feedback and S/N remains un- 
changed. 


INPUT TRANSFORMERS—RESISTIVE GENERATORS 


When the impedance of the generator is low, a transformer 
is necessary between it and the tube if the inherent S/N 
is to be maintained. If the transformer ratio is such that 
the transformed resistance of the generator is at least five 
times the equivalent noise input resistance of the tube, the 
tube can be substantially eliminated as a thermal noise 
source. This may not be possible, but the highest feasible 
ratio should be employed to put the highest voltage possible 
on the grid. Whether a transformer is to be used, and what 
this feasible maximum impedance ratio shall be, are ques- 
tions of economics and practicable design. Transformers 
are available which will operate with extreme uniformity 
over the af band. They can easily be wound to work from 
resistive generators ranging from 10 ohms to 20,000 ohms 
resistance with the impedance facing the grid stepped up 
to from 50,000 to 150,000 ohms. A complete discussion of 
input transformers will be found in Terman’s Radio Engi- 
neering.” Only a very simple discussion will be given here. 

The transformer may be represented with sufficient accu- 
racy for most purposes by two equivalent circuits, one for 
low and one for high frequencies, as in Figs. 6A and 6B. In 
each case the elements are thought of as reduced to those 
of a unity impedance-ratio transformer, and the network is 


B. High frequencies 
Fig. 6. Transformer equivalent circuits. 


5 F. E. Terman, Radio Engineering, p. 188, McGraw-Hill Book Co., 
New York, 1937. 
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Fic. 7. Transformer frequency characteristics. 


followed by an ideal transformer. An ideal transformer has 
no losses, infinite self-impedances at all frequencies, perfect 
coupling, and the desired transformation ratio. 

At low frequencies the only important element of the 
transformer affecting frequency characteristic is the primary 
reactance X, which forms a load for the generator resist- 
ance r. This reactance must be kept high compared to 
r at the lowest frequency at which uniform transmission 
is desired. The voltage loss is only 1 db at the fre- 
quency when X, is equal to 2r and decreases at higher fre- 
quencies as X, becomes greater. However, at the 1-db 
point the phase shift is nearly 30° between e, and e,, and 
if phase is important it must be kept in mind that small 
transmission losses can be accompanied by relatively large 
shifts of phase. 

At high frequencies the effect of shunt X, is negligible, 
and the principal elements are, as shown in Fig. 6B, the 
secondary dc resistance 7;', the leakage reactance x;,’, the 
distributed capacitance C,’, and the input capacitance of the 
tube C,;’.. The primes indicate values referred to the primary 
side. These form a series resonant circuit with the voltage 
across the capacitor being applied to the grid. This results 
in large phase shifts becween e, and e,. The impedance into 
which the generator works at the resonant frequency is not 
high but is only the effective resistance r;’ looking into the 
primary winding. Consequently, the voltage applied to the 
transformer input terminals will be low. On the other hand, 
the resonance produces a peak in voltage across the capacitor, 
the height being controlled by the ratio of resistances of 
generator and transformer, r and r;', which tends to correct 
the reduced input voltage and usually results in an actual 
increase in e,/e, at resonance. 

When these hf and If factors are considered, a curve of 
voltage step-up vs frequency is given, such as is shown at A 
in Fig. 7. Between points m and n the impedance is high 
enough so that the generator essentially works into an open 
circuit, but below m and between m and o this is not the 
case. Although above o the impedance’ increases because 
of x;’, this region of rapidly falling response is usually of 
little interest. 
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For a given transformer, curve A can be modified to B by 
inserting resistance in series with the primary, to C by 
paralleling the secondary with a resistance, or to D by 
paralleling the primary with a resistance. B maintains high 
impedance but results in loss of low frequencies and some 
very high frequencies. C and D give less relative loss at 
low frequencies but reduce the gain and input impedance, 
one flattening and one emphasizing the hf peak. In none of 
these curves is the response at the high and low frequencies 
increased. This can be done only by increasing the primary 
reactance to improve If response, and decreasing the leakage 
reactance and distributed capacitance to improve hf re- 
sponse. For a given core and desired turns ratio these re- 
quirements work against each other. Consequently, the 
frequency range and possible voltage step-up vary inversely. 

Although the principal concern with input transformers 
is the frequency response, actual transformers have copper 
and core losses which appear in the equivalent circuits as 
resistances. These resistances affect the grid voltages as 
discussed above and in addition add a certain amount of 
noise. However, it will be seen from the equivalent circuits 
of Figs. 6A and 6B that if the frequency response is good 
the resistances must be small, and so their addition to the 
generator noise will also be small. 


INPUT TRANSFORMERS—REACTIVE GENERATORS 


Input transformers are frequently used with reactive 
generators, but such circuits must be carefully designed 
because the transformer is also reactive. In general, it must 
be said that a restricted frequency range will result. Of 
course, if a tuned circuit is desired, this is no objection, and 
the reactances of the transformer may be used as tuning 
elements. 

If the generator is inductive, it will operate well at low 
frequencies with a transformer, since its impedance and the 
transformer input impedance vary alike with frequency. 
At high frequencies, however, the generator inductive re- 
actance adds to the transformer leakage reactance to produce 
a lower upper resonant frequency. The transformer leak- 
age and distributed capacitance must be minimized if wide 
frequency ranges are to be obtained with inductive gener- 
ators. 

With a capacitive generator, the capacitive reactance is in 
series with the transformer and tube capacitance at the upper 
resonant frequency and tends to raise it. If this effect is 
significant, however, it means that the transformed capaci- 
tance is comparable to the generator capacitance, the gen- 
erator is not facing a high impedance, and signal voltage 
and S/N are being reduced. A capacitive generator works 
well with a transformer at high frequencies, but the step-up 
ratio should be limited to that which does not significantly 
load the generator. At low frequencies the generator 


capacitance resonates with the transformer self-inductance 
(X, of Fig. 6A), producing a peak followed by rapidly 
diminishing response at subresonant frequencies. Thus, X, 
should be made as large as possible. Unfortunately, this 
also increases leakage reactance and distributed capacitance, 
lowering the attainable upper frequency resonance. A 
compromise must be reached which emphasizes the frequency 
range of primary interest. 


CONNECTING CABLE CAPACITANCE 


An important element in input circuits is the cable con- 
necting the generator to the first tube. This will ordinarily 
be shielded or twisted, and capacitive in impedance. Its 
effect is to add to the input capacitance of the tube. For 
capacitive generators this lowers the grid voltage, in the 
ratio of generator and input capacitances, for both signal 
and generator noise, but does not cause frequency distortion, 
as mentioned earlier. 

For resistive generators, higher frequencies are attenuated. 
The r = 0 curve (A of Fig. 5) may be used to determine 
this condition, if fo is taken as the frequency where the 
resistance of the generator equals the reactance of the 
cable plus tube capacitance. 

Inductive generators suffer from the fact that the reso- 
nance between the inductance and the input capacitance is 
lowered by the added capacitance of the cable. In this case, 
in particular, the cable capacitance should be kept low. 

In practice, this means that the size, the type, and the 
length of the cable must be properly adapted to the generator 
and the performance required. With a low-resistance 
dynamic microphone, several hundred feet of ordinary 
shielded cable may be used in high-fidelity systems, whereas 
a tiny condenser microphone requires that the preamplifier 
be relatively close to maintain enough of the generated 
voltage on the grid to overcome the tube noise. 


CONCLUSION 


A great deal more could be written about special cases, 
or the arguments in the paper could be given more compre- 
hensively. It is felt that such detail can be much better 
learned from a study of the literature.® It has been the aim 
of this paper to stimulate such study and to form a basis for 
it by showing the interrelations between many factors which 
must be weighed for a good solution to any practical prob- 
lem. Audio-frequency input circuits deserve as careful 
design as any other portion of an electronic system. 


6 Of historical interest, in addition to the references already cited: 
(a) J. B. Johnson, Schottky Effect in Low Frequency Circuits, 
Phys. Rev., July, 1925. (b) F. B. Llewellan, A Study of Noise in 
Vacuum Tubes and Attached Circuits, Proc. Inst. Radio Engrs., 
February, 1930. (c) Stuart Ballantine, Fluctuation Noise in Radio 
Receivers, Proc. Inst. Radio Engrs., August, 1930. 
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Attenuator Types and Their Application 


Cuester F. Scorr* 
The Daven Company, Newark, New Jersey 


A discussion of various types of balanced and unbalanced attenuators and their application to 
multichannel mixing. Rules for selecting the proper mixer control and circuit for minimum insertion 


loss, minimum circuit noise, and maximum flexibility are given. 


Methods of reducing longitudinal 


transmission, hf boost, and interchannel crosstalk are shown. 


_ FUNDAMENTAL purpose of any mixer circuit is 

to combine the output of a group of circuits and to con- 
trol the level of each individual circuit. It must supply the 
control facilities necessary for the production of a program, 
and it must fit in with the electrical requirements of the other 
parts of the circuit. In the final analysis, high overall pro- 
gram quality is the goal, and anything that may lessen this 
quality is to be avoided. 

Two of the most important considerations in mixer design 
are the signal-to-noise ratio of the complete equipment and 
the correct impedance matching of all the component pieces 
of equipment. A signal-to-noise ratio as high as possible 
is important for high-quality programs. Correct impedance 
matching of the component pieces of equipment is necessary 
to reduce unwanted losses and in some instances to prevent 
distortion. 

The input of a mixer channel is normally connected to a 
microphone, a turntable, a remote pickup line, or the output 
of a preamplifier. The output of the mixer circuit is normal- 
ly connected to the input of an amplifier, either directly or 
through a master gain control. The input impedance of the 
mixer channel should match the source impedance to secure 
minimum mixer loss. Considerable impedance mismatch 
can be tolerated without affecting quality when the mixer 
input is connected to a microphone or to sources which in- 
clude a pad next to the mixer input. Correct impedance 
matching is necessary when the mixer channel is connected 
to the output of a preamplifier, since mismatch here may 
affect the frequency characteristics of the amplifier or may 
reduce the output level which the amplifier can deliver with- 
out too much harmonic distortion. 

The output impedance of the mixer circuit should match 
the input impedance of the amplifier to which it is connected. 
When the amplifier to be used has a grid input transformer 
with the secondary loaded by a resistor, slight mismatch 
between the mixer output impedance and the amplifier input 
impedance can be tolerated, since it will not affect the gain 
frequency characteristic to a great extent. If the amplifier 
in use has a grid input transformer with a nonloaded secon- 
dary, the frequency characteristic is normally more easily 


* Assistant Chief Engineer. 


affected by source impedance variations, so that impedance 
matching here is essential. Correct impedance matching at 
all points is desirable. It cannot hurt mixer operation, and 
it will in all instances tend to give maximum overall program 
quality. 

Other mixer design considerations are: (1) a change of the 
setting of a control for any channel should not affect the 
attenuation of any other channel; (2) noise or hum pickup 
should be held to a minimum; (3) the overall system fre- 
quency response should not be affected; (4) the control for 
each channel should cut off properly in the off position; and 
(5) the cost should not be excessive. The selection of the 
proper circuit and the proper controls in the circuit will help 
to achieve these characteristics. Interaction of channel con- 
trols is most prevalent when the output impedance of the 
control varies with its setting. Constant impedance controls 
or special circuits will eliminate this effect. Noise and hum 
pickup is normally caused by stray capacitances or couplings 
which are not controlled by the attenuator. Stray capacit- 
ances also affect the completeness of the control cutoff in 
the off position and the mixer frequency response. Any 
stray capacitances or couplings allow a certain amount of 
signal to bypass the control, and thus the cutoff will not be 
complete. Since the strays favor the passage of the higher 
frequencies, they tend to deteriorate the quality by ac- 
centuating the highs. Most of the stray capacitances can 
be eliminated by proper grounding of the circuits. Mixer 
circuits where any of the input channels are entirely above 
ground are the most affected by stray couplings and leakage 
and therefore should be used only where absolutely neces- 
sary. Even mixer circuits with grounded input circuits can 
give trouble if the grounding method is improper or if a 
bus of insufficient size is used. The allowable cost of the 
mixer will affect the choice of the type of controls and the 
circuit. After the selection of the best circuit and best con- 
trol, it may be found that less expensive controls or a circuit 
with less insertion loss allowing the use of a lower gain 
amplifier may be necessary. 

In a high-quality system program peaks should be at 
least 40-60 db above the background noise level. At the 
output of the microphone, turntable, or remote line there is 
a certain signal-to-noise ratio. The insertion loss of a mixer, 
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Fic. 1. Two-channel series mixer. 
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Fig. 3. Unbalanced parallel-type mixer, 1:1 impedance ratio. 


connected directly after the microphone, will attenuate this 
signal and noise equally so that the signal-to-noise ratio out 
of the mixer will be approximately the same. However, the 
gain of the program amplifier will have to be increased by an 
amount at least as great as the mixer insertion loss, and this 
is bound to increase noise and reduce the signal-to-noise ratio 
of the overall system.’ If preamplifiers are used between 


1 See Snow, pp. 87-94 of this issue. 


microphone and mixer input, the preamplifiers will have at 
least enough gain to equal the mixer insertion loss but not 
enough gain to add any appreciable amount of noise. Since 
the level out of the mixer is higher, the gain of the program 
amplifier can be reduced by an appreciable amount with a 
substantially reduced amount of amplifier noise. With this 
arrangement the signal-to-noise ratio of the overall system 
will not be appreciably affected. Thus the decision of 
whether to use the mixer directly after the microphones (low- 
level mixing) or to use preamplifiers between microphones 
and the mixer (high-level mixing) is based directly on the 
amount of insertion loss which can be tolerated without 
affecting the overall quality. 

The most commonly used mixer circuit is the parallel 
type. This is especially true where there are four or more 
channels. For three or four channels, a parallel-series type 
is often used, and for two channels a series mixer is some- 
times used. Figure 1 shows a two-channel series mixer. 
This circuit has the lowest insertion loss for two-channel 
mixers, approximately 3 db. However, the output impedance 
is twice the channel input impedance, and the output is bal- 
anced so that if a master gain control is to be used it must be 
a balanced-type attenuator, which is more expensive. Figure 
2 shows a four-channel parallel-series mixer circuit. This 
circuit has the lowest insertion loss (6 db) for four-channel 
mixers, but here again the output is balanced so that the 
more-expensive balanced master control must be used if 
one is required. This circuit can be used for three channels 
by substituting a resistor in place of one of the mixer con- 
trols. Figure 3 shows a four-channel parallel-type mixer 
with equal input and output impedance. This is the most 
flexible type of mixer circuit and best from an overall stand- 
point. The only drawback to this circuit is the compara- 
tively high insertion loss. This circuit can be used with any 
number of channels, the only change necessary being the 
value of the series resistor R. The minimum insertion loss 
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in decibels is 20 logig N, and the series resistor R is 
R,(N —1)/(N + 1), where N is the number of channels and 
R, is the channel impedance. The following table shows 
the insertion loss and required series resistor value for two 
to eight channels. The insertion loss is shown for both T 
and ladder networks, exclusive of any master control in- 
sertion loss. 


Insertion loss, db 
ee 


Channels Ladder 


The difference in insertion loss between ladder and T net- 
works is that a ladder network with an input impedance 
equal to the output impedance has a minimum insertion loss 
of 6 db whereas a T network has none. Figure 4 shows a 
four-channel parallel-type mixer with unequal input and 
output impedances. This circuit has one advantage over 
that of Fig. 3 in that it has less insertion loss. It is not as 
flexible as the circuit of Fig. 3, since the output impedance 
varies with the number of channels. Also the output im- 
pedance will generally be nonstandard, necessitating the 
use of an amplifier with a special impedance, or a repeat coil, 
between the mixer and the amplifier to match the imped- 
ances. It is not good practice to use a repeat coil in front of 
an amplifier having a grid input transformer with a non- 
loaded secondary. If used, the repeat coil must be of good 
design with good frequency response, and it should be well 
shielded to prevent hum pickup. 

For the circuit in Fig. 4 the minimum loss in decibels is 
10 logio (2N — 1), the series resistance R is R,(N — 1)/N, 
and the output impedance of the mixer is R,(2N — 1)/N?, 
where NV is the number of channels R, is the channel im- 
pedance. The following table shows the insertion loss, the 
required series resistance, and the mixer output impedance 
for two to eight channels. The insertion loss is shown both 
for T and ladder networks and is exclusive of any master 
control insertion loss. 


Insertion loss, db 


Output Z = Ladder 


4.8 10.8 


7.0 13.0 


In conjunction with the information for Figs. 3 and 4 it 
might be well to point out that sometimes ladder networks 
with a 1:2 impedance ratio are used. With these ratios 


the value for R, in the formula becomes the output imped- 
ance of the channel control rather than the channel im- 
pedance. The insertion loss of a 1:2 impedance-ratio ladder 
network is approximately 3 db instead of the 6-db insertion 
loss in a ladder network having a 1:1 impedance ratio; 
therefore, with the 1:2 impedance-ratio ladder networks, 


the insertion loss value given in the table under ladder net- 
works should be reduced by 3 db. For reasons of simplicity, 
Figs. 3 and 4 have unbalanced networks. Balanced con- 
trols can be used in the same basic circuits with the series 
resistor R being divided equally in each side of the circuit 
and with the control center point grounded. 

The selection of the type of controls to be used in the 
mixer depends on the required attenuation range, the allow- 
able mixer insertion loss for optimum signal quality, and 
the budget. The T and the bridged-T types of attenuator 
have no insertion loss; the 1:1 impedance ratio ladder has 
a 6-db insertion loss; and the 1:2 impedance ratio ladder 
has approximately a 3-db insertion loss. The T type of 
attenuator has three variable resistor arms and is, therefore, 
the most expensive; the bridged-T attenuator has two vari- 
able resistor arms, making it less expensive than the T 
attenuator; the ladder attenuator has only one variable re- 
sistor arm and is the least expensive. For mixer work the 
T and bridged-T attenuators are interchangeable. Since the 
T network is more expensive it is not used in mixer circuits, 
and any further reference to T-type attenuators will be ac- 
tually to bridged-T types. The T-type attenuator has con- 


. Stant input and output impedance throughout the control 


range. The input impedance of the ladder is constant on all 
steps except the two or three steps adjacent to the off position 
where the control has a tapered loss characteristic. The 


Ee SCOTT ata 97 
—_—:.eeeeeeXQrCaxreeeee 
Fe 
ff a 
Channels R | 
Z Rk, 3k, 
5 2 4 
: 2k, 5R, 
-—- ~-- ; 
3 9 
3R 7R 
ee ee ee 4 an plan 8.4 14.4 
| hi i : 
4k 9R 
| . a — 9.5 15.5 
* 5 25 
R, : 5k, 11k, : 
° Ps... 4 ‘ 6 —-. —-— 10.4 16.4 
- " 3 6.0 12.0 6 36 
: R, = 6k, 13k, “ 
‘ es 2 5 = 5 7 ed —_— 11.1 17.1 
3 ; 9.5 15.5 ; 49 
3k, ik, bk, - 
4 pe 20 0 8 -—— —-- 11.8 17.8 
; 1 18 5 64 
: 2R, ee ne eee 
5 _-—— 14.0 20.0 
3 
5R 
6 —_ 15.6 21.6 
‘ 
3R, 
7 --- 16.9 22.9 
qd 
7R, - 
s —-- 18.1 24.1 
9 


98 JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


output impedance of the ladder rises from about two-thirds 
of the rated impedance at minimum attenuation to rated 
impedance at about the 20-db loss point (including the 
minimum insertion loss) and remains constant throughout 
the remainder of the attenuation range. In most applications 
this will be satisfactory, since most of the operation will be, 
or can be made to be, in the constant impedance range. 
Let us assume that it is found or estimated that a 17-db 
loss can be inserted between the microphone and the amplifier 
without circuit noises becoming objectionable at the output 
of the amplifier. If an eight-channel mixer (Fig. 3) is to be 
used, the minimum insertion loss is 18.1 db and low-level 
mixing will not be satisfactory. If a six-channel mixer is 
required, the insertion loss with T attenuators is 15.6 db, 
and with ladder networks it is 21.6 db. Here low-level mix- 
ing would be satisfactory with T attenuators, but high-level 
mixing would be necessary with ladder attenuators. With 
a tolerable insertion loss of 17 db the use of ladder networks 
in low-level mixing would not be satisfactory with any 
number of channels above three where the minimum inser- 
tion loss would be 15.5 db. Ladders could be used in a four- 
channel mixer, such as Fig. 2, where the insertion loss would 
be 12 db, or in the circuit of Fig. 4 with mixers of up to six 
channels, for which the insertion loss would be 16.4 db. 
The above discussion has been based on the use of un- 
balanced networks. Unbalanced controls are more satis- 


factory, since one side of the line can be properly grounded 


to minimize leakage and hum pickup and also to reduce the 
control cost. It should be remembered that the cost of a 
balanced control is approximately twice that of the unbal- 
anced type, and in many cases the balanced control has twice 
the depth. However, there are some who prefer the use of 
balanced controls in mixing systems, and for those who do 
the parallel mixer circuits are recommended. These circuits 
are essentially the same as those for unbalanced attenuators. 
On a balanced control the channel input connections are 
made to the two input terminals and not to the input and 
common terminals, as on the unbalanced control. The chan- 
nel output connections are made to the two output terminals, 
not to the output and common terminals. The center points 
of the balanced controls are grounded. 

The best mixer control from the standpoint of quality 
would be one in which the attenuation increases in very small 
increments. Too great a change in attenuation per step can 
be detected by the ear. Also, when such a control is rotated, 
pops or clicks will be heard, especially on a sustained note. 
In most instances of this kind it is believed that the at- 


tenuator is noisy, when in reality the fault is in the incorrect 
selection of the loss per step of the attenuator. A low loss 
change per step, such as 0.75 db, would be desirable for 
quality, but from the budget standpoint and the operator’s 
viewpoint such a control might not be satisfactory. In such 
a control an excessive number of steps are needed to obtain 
the required attenuation range, and thus it would be more 
expensive and the operator would have to turn it through 
a large angle to equalize the volume. In practice the ma- 
jority of controls have either 1.5-db or 2-db steps, and either 
thirty or twenty steps. On most mixer channel controls the 
main portion of the control has an added loss of 1.5 or 2 db 
per step with the three or four steps before cutoff tapered, 
so that the change in level to cutoff is not too sharp. For 
high-quality work a thirty-step control of 1.5 db per step is 
recommended. 

There are many variations from standard circuits which 
may be used to fit budgets or to fit certain circuit conditions. 
In some instances the 1:2 impedance ratio ladder attenuators 
with their lower insertion loss can be used in place of the 
1:1 impedance ratio ladder attenuators. Fixed pads of the 
correct value can be placed in the inputs of certain channels 
to equalize the levels so that the normal operation of the 
control is in the center portion where the impedance on a 
ladder attenuator is more constant and therefore less liable 
to cause channel interaction. In some instances it may be 
found expedient to utilize the gain control on the program 
amplifier as a master control and do away with the use of a 
separate master control, especially in mixer circuits where 
the master control would have to be a balanced control. In 
many mixers, provision must be made for cuing so that the 
correct moment for channel changes will be known. Previ- 
ously this has generally been accomplished by lever switches 
which switched the channel to be cued onto the cuing ampli- 
fier and switched a resistor into the mixer in place of the 
channel being cued, to prevent impedance changes. Now 
mixer controls are used which have the cuing feature in- 
cluded. The control is arranged so that the first position 
correctly terminates the mixer channel and switches the in- 
put of the channel to the cuing amplifier. The second posi- 
tion of the control is cutoff for both cue and program, and 
the remainder of the control rotation is the normal mixer 
level control. 

In conclusion may we again stress the importance of keep- 
ing the signal-to-noise ratio high, matching all impedances, 
and selecting circuits which allow the input of all controls 
to be grounded and then grounding them properly. 


a _ . 
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The Design of Speech Input Consoles for Television 


Rosert H. TANNER 
Northern Electric Company, Ltd., Belleville, Ontario, Canada 


This paper outlines briefly the basic requirements for a speech input console specifically designed 
for television service, noting the differences from normal AM practice. Two actual systems designs 
are presented—the first being that for a large studio setup and the second being for smaller centers. 
The larger installation, of the type used at CBC’s Montreal and Toronto studios, possesses certain 
unique features which facilitate the production of a sound component well matched to the picture. 
The smaller system may be used either in its basic form or with two similar units integrated 
mechanically and electrically to form a highly flexible double-channel console. Both designs are 
shown to be eminently suitable for high-grade sound broadcasting. 


URING THE past year there has appeared a number of 
articles and papers relating to the facilities required 
for handling the audio component of a complete television 
program and some of these have dealt in considerable detail 
with the design of specific television audio consoles. In 
presenting yet another paper in this series, it should be ex- 
plained that the equipment to be described has been designed 
entirely independently and with an eye to the peculiar needs 
of Canada’s radio and television industry, which differs con- 
siderably from that of the United States. Like so many 
other things in Canada, radio is a masterly compromise 
between the British and the American ways of life, combining 
a public corporation entrusted with the task of bringing radio 
to as high a proportion as possible of our scattered population 
with a system of private radio stations comparable with those 
on this side of the border. Needless to say, private stations 
are considerably more concerned with the economic aspects 
of broadcasting than is a public corporation, and this fact is 
reflected in the design of equipment. The first console to be 
described was designed to meet a reasonably detailed func- 
tional specification drawn up by the Canadian Broadcasting 
Corporation, for use in their television studios in Montreal 
and Toronto. The second is a console flexible and versatile 
enough to meet all the needs of the private broadcaster, 
whether for AM, FM, or television. 


Before the CBC television console is described, thanks 
should be expressed to Messrs. W. A. Nichols and W. C. 


Little of the CBC Plant Department for their cooperation 
and assistance in its design. 

The console is illustrated in Fig. 1, which shows that the 
front panel is divided into three sections. The left-hand 
section contains a small jack field to which are connected 
all the program inputs, which by means of patch cords or 
normal connections may be extended as required to the 
console’s ten preamplifier inputs. For flexibility, all in- 
coming program material is brought to microphone level so 
that all inputs may be treated alike. Jacks are also provided 
on the inputs and outputs of the three program amplifiers 
to allow rapid changeover in the event of an emergency. It 
has frequently been stated that more input facilities are 
required for television work than for normal sound broad- 
casting; this console makes provision for twenty-four inputs, 
apart from four remote lines, and ten preamplifier mixing 
channels. It is thought that these facilities will be sufficient 
for even the most complicated of shows. 

The center section is occupied by the control panel proper 
with the ten input faders mounted along the bottom in groups 
of three, four, and three, respectively. The two right-hand 
channels are equipped with relays for announcer control. 
Each group is connected via its own mixing bus to a sub- 
master amplifier and attenuator, a feature which is of very 
great use, as, for example, in musical programs in which the 
balanced output from several microphones picking up an 
orchestra may in turn be balanced with the output from the 
soloist’s microphone. The three sub-master outputs are 
again mixed and fed to the input of the main program am- 
plifier, the control for which will be seen immediately to the 
right of the volume indicator. This network comprises the 
main program chain of the console. However, a feature 
which is believed to be unique is the provision of two 
auxiliary program amplifiers, which, by means of selector 
switches (mounted on the right-hand panel), may be con- 
nected across the output of any preamplifier, any sub-master 
amplifier, or the main program output of the console. This 
connection is made by means of what is virtually a hybrid 
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circuit, so that if, for example, one of the auxiliary amplifiers 
is switched to preamplifier 2 there is negligible crosstalk from 
preamplifiers 1 and 3, even though the outputs of all three 
preamplifiers are connected to the same mixing bus. It is 
thought that this feature will be extremely useful in many 
ways, two of which may be outlined here. It is generally 
agreed that television operation frequently requires that a 
program originating outside the studio be fed to a studio 
loudspeaker so that it may be heard by those taking part in 
the production. Typical examples of such programs are 
records, sound tracks of motion pictures, or programs in- 
coming on a remote line. With the arrangements incor- 
porated in this console, it is necessary only to switch one of 
the auxiliary amplifiers to a preamplifier or sub-master 
handling this program material and connect the output of 
the auxiliary amplifier to a monitor amplifier feeding a studio 
loudspeaker. The signal may be fed simultaneously to the 
main program output, or not, as desired, but the isolation 
provided in the console is sufficient to insure that no howl- 
back can result. Another interesting use of this feature 
arises on occasions when a program is being transmitted on 
both sound and television simultaneously, as is now the case, 
especially with some musical shows. It is well known that 
the sound accompanying the television picture of, let us say, 
an orchestra should for maximum realism vary in accordance 
with the picture; for example, if the cameras are focused on 
the French horns, then the sound balance should emphasize 
these instruments. On the other hand, the listener with no 
picture to guide him desires the optimum musical balance 
at all times. With this console the correct balance of the 
orchestra may be established on one group of microphones 
and fed via a sub-master to an auxiliary amplifier and thence 
to the sound network line. A moving microphone mounted 
on a boom and connected to another sub-master group can 
be added to the main program output, which of course will 
be fed to the television sound transmitter. It is our belief 
that experience will evolve many other ways in which these 
two auxiliary amplifiers, together with their selection ar- 
rangements, will prove of great use to the operator. 


The console is equipped with a variable sound effects filter 


connected to the output of preamplifier 1. As is common 
for such devices two controls are provided, one affecting the 
treble end of the spectrum, the other the bass. In each case 
five different frequency responses are available. In a pro- 
jected redesign of this equipment, it is preposed to make this 
sound effect filter work at microphone input level and im- 
pedance, thus allowing it to be patched in as required on any 
preamplifier channel. 


As already mentioned, the right-hand panel of the console 
mounts the two selector switches associated with the two 
auxiliary amplifiers. In addition, controls are provided for 
the operator’s headset and monitor loudspeaker, allowing him 


Fig. 3 


to select the program material fed to each of these devices 
and control their volume. 

With the exception of the circuits used to provide isolation 
on the auxiliary amplifier feeds, the circuitry of the console 
is entirely conventional. Figure 2, which shows a rear view, 
illustrates the mounting of the unitized amplifiers as well as 
such units as repeating coils, filter coils, etc. Only two types 
of amplifiers are used, thirteen of one type for preamplifier 
and sub-master service, and three of the other for the main 
program and auxiliary amplifiers. In the case of the two 
latter uses, a change in one feedback resistor gives the addi- 
tional gain required in this position. The associated monitor 
amplifiers and power supplies are mounted elsewhere in order 
to avoid any heavy ac fields within the console itself. Per- 
haps as a result of this and of the design of the preamplifiers, 
the console exhibits a very good performance, especially with 
regard to noise, with a signal-to-noise ratio under normal 
working conditions of from 75 to 80 db, with alternating 
current on all the amplifier filaments. If these filaments are 
fed from a dc source, a signal-to-noise ratio of 80 db can be 
obtained with the minimum attention to system ground- 
ing, etc. 

Figure 3 illustrates the type of amplifier used in this 
equipment. Each of these little units is approximately 214 
in. wide by 8 in. long and is equipped with an input trans- 
former of the plug-in variety, so that the input impedance 
may be changed as required to suit the conditions under 
which the amplifier is working. Contrary to the practice of 
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several other manufacturers the amplifiers themselves do not 
plug in, but are equipped with soldered terminals. It is felt 
that, with amplifiers as reliable as they are today, the dis- 
advantages of the plug-in feature outweigh its advantages. 
A view of the front of the console with the panel opened, 
given in Fig. 4, illustrates the excellent accessibility of the 
design. 

We may turn now to the second console, illustrated in 
Fig. 5, which will be seen to bear many mechanical resem- 
blances to the one already described. In its basic form, 
however, it is considerably smaller, although the design 
possesses the unique feature that two similar units may be 
joined together in such a way that they are integrated both 


mechanically and electrically to form the large two-channel 
console illustrated in Fig. 6. With this in mind let us return 
to the consideration of the small basic console, which is 
equipped with five preamplifiers, each with a two-way input 
selector (the keys to the left of the volume indicator), thus 
allowing as many as ten low-level inputs to be connected 
permanently to the console. In addition, the two keys on the 
extreme left allow any one of four remote lines to be con- 
nected to the left-hand fader. The outputs of the six faders 
may be connected as required to either of two mixing busses 
by means of the key immediately over each control (with 
this key in the central position the corresponding fader is 
connected to a third auxiliary bus which may be used for 
cuing purposes). In the small basic console, only the 
channel 1 bus is provided for further amplification in the 
form of a booster amplifier, a master gain control (on the 
right of the bottom row) and a line amplifier, although if 
desired a similar amplifying chain for channel 2 can be 
provided externally. Even without this, however, the em- 
bryonic second channel has a number of important uses. 
For example, the monitor amplifier which is supplied with 
this equipment possesses sufficient gain to work direct from 
the mixing bus level, so that channel 2 may be used for 
auditions, cuing, etc. Again by connecting the second chan- 
nel to an additional amplifier feeding a loudspeaker in the 
studio, and at the same time connecting it through a small 
pad to one of the low-level inputs, “foldback” operation, as 
already described in connection with the first console, may 
readily be achieved. The partial block schematic of Fig. 7 
will help to clarify this point. 

Very complete facilities are provided on this console for 
carrying out remote broadcasts with only one line between 
the studio and the remote point. At the same time the 
control of these facilities has been kept extremely simple, 
with the addition of only one key (immediately to the right 
of the volume indicator). In the central position, remote 
cue, that is to say, the output of the monitor amplifier, is fed 
to all four remote lines, regardless of the position of the line 
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selector keys, unless, of course, one line is actually trans- 
mitting the program. With the key in the upper position 
the direction of transmission is reversed, and all four lines 
are connected to the input of the monitor amplifier, giving a 
“multiple override” condition. Placing the key in the lower 
position gives “selected override” from whichever line has 
been selected by the line keys. Under these circumstances, 
the program input to the monitor may be cut by turning 
down the monitor gain control on the front panel of the 
console, thus enabling a test to be taken from the line with- 
out interference from any other source. In addition to all 
this, operation of the talkback key adjacent to the “override 
remote cue” key enables the operator to talk back down the 
line to the remote operator. Should one or more of the re- 


mote line inputs be normally associated with network, it is 
readily possible to disconnect any or all of these facilities 
from the input or inputs concerned. Although this arrange- 
ment is somewhat tricky to describe in a few words, it is 
thought that the functional layout of the controls is so simple 
that an operator will have no difficulty in mastering it very 
readily. 

An additional facility for which provision is made, al- 
though the extra equipment is installed only as required, 
provides announcer control of one preamplifier channel. 
Since the changes involved are very simple, it is possible for 
a station engineer to add this feature at any time. 

The console uses the same amplifiers already described, 
with the mounting shown in Fig. 8. In this case, in order 
to deal with situations where the console may be mounted 
with its back close to a wall or window, the framework 
mounting the amplifiers is pivoted and may be swung up 
to allow maximum accessibility to alf the components. 
Figure 9, which shows a front view of the console with the 
panel opened, again demonstrates the accessibility of the 
panel components and of the telephone-type terminal strips 
to which all external connections are made. 

To return now to the double version of this unit (Fig. 6), 
it will be obvious that this makes provision for as many as 
twenty low-level inputs and eight remote lines, any or all of 
which may be switched to either channel; in this case the 
second booster and line amplifier combination is connected 
to channel 2, thus giving full double-channel working. Two 
monitor amplifiers are also provided, one of which is used 
exclusively for the control room, while the other feeds 
speakers in the studio or studios. Separate keys are pro- 
vided for talking back to lines on the one hand and to studios 
on the other, and, while the studio operator enjoys all the 
same facilities for remote cue and override as are given by 
the single console, the additional facility is provided of feed- 
ing selected override to the studio speakers. By connecting 
the channel 1 and channel 2 mixing busses through pads to 
two of the low-level inputs, “foldback” operation may very 
readily be set up without the use of any additional equip- 
ment, and by similar means it is possible, as in the case of 
the CBC console, to feed the two outputs with differently 
balanced versions of the same program. In the double 
console provision is made for adding announcer control as 
required to either one or two preamplifier channels. 

Although it is electrically and mechanically possible to 
couple three of these units together to form an integrated 
whole, no situation has as yet been encountered sufficiently 


‘complicated to warrant such a setup. 


Once again monitor amplifiers and power supplies are 


mounted external to the console. The monitor amplifier, 
illustrated in Fig. 10, is capable of delivering an output of 
15 w, with less than 2% distortion, and possesses sufficient 
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gain to work direct from microphone level. The regulated 
power supply is rated to give a maximum of 100 ma at 300 v, 
with a no-load to full-load regulation of +1 v, at any input 
voltage between 105 and 125 v. Although the use of a 
regulated supply of this kind is by no means essential, it has 
been found to be of considerable assistance in preventing 
very low-frequency motorboating when several amplifiers 
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with good If responses are connected to the same power 
supply. 

It is hoped that this short paper will be sufficient to give 
at least an outline of the trend of thinking in Canada re- 
garding the design of audio equipment for an industry which 
may well symbolize a new and exciting phase in the growth 
of our country. 
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Grounding, Shielding, and Isolation 


ArtHurR Davis 
Cinema Engineering Company, Burbank, California 


NE OF THE most important factors to be considered 
in the installation of audio equipment is the grounding 
and shielding system. In spite of this fact, the literature 
contains few discussions which do more than dismiss the 
subject with a minimum of attention. As a result of this 
lack of information, a great deal of mystery and legend has 
grown up around the word “grounding.” Most of the mys- 
tery can be attributed to the confusing results which arise 
when an unsystematic method of grounding is employed. The 
need, then, is for an orderly method of handling the ground 
system. 

The word “ground,” itself, is a misnomer in that it often 
is applied to a system which actually may be insulated 
from earth, although ground implies a connection to earth. 
In fact, to be correct, a term such as “zero potential point” 
or “reference point” should be used. In the following dis- 
cussion, for simplicity, the term “reference bus” will be 
used to refer to an insulated heavy copper bar where all 
so-called grounds in the system ultimately will be con- 
nected. That is, the low side or common side of un- 
balanced lines, the center tap of balanced lines, and the 
shields all will be referred to this bus. In an audio system, 
this reference bus may or may not be connected to earth, 
as the user chooses. However, since one side of the ac 
service is grounded and the danger of electric shock exists, 
an earth connection to the reference bus is recommended 
to protect personnel. 

The purpose of a grounding or reference system is to estab- 
lish definite and reliable potentials between various points 
in a circuit. A good grounding and shielding system will 
reduce the effect of capacitive coupling which manifests 
itself in the form of noise, hum, crosstalk, hf oscillation, 
and rf pickup. Since capacitive effects depend upon poten- 
tial differences, these effects may be stabilized by referring 
each piece of equipment back to a common reference point. 
The shielding replaces the capacitive coupling between 
circuits with capacitive coupling to the reference bus. 


An unbalanced circuit is more susceptible to capacitive 
effects than a balanced circuit. In fact, a balanced circuit 
often may be left completely ungrounded or “floating.” 
The economics of the circuitry, however, point to the choice 
of an unbalanced system. This choice places the burden 
on the grounding circuit to maintain order. 

Merely connecting wires to ground at various points in 
a system may not cure all trouble involving capacitive 
effects; in fact, it may cause more trouble. In making 
connections to the reference bus, a procedure which pre- 
cludes the existence of loops in the ground circuit must be 
used. So-called “ground loops” are the principal cause of 
trouble in a grounding system. It is well known that cur- 
rent is easily induced into such loops by ac fields in the 
vicinity. 

Large installations and any systems that provide for 
flexibility of equipment connection by means of patch cords 
require special attention. The following rules will be helpful 
in preventing loops in the ground circuit and in providing 
adequate shielding. 

1. All cables should be shielded-twisted-pair with insula- 
tion overall. 

2. Shields or ground wires should never be required to 
carry signal current. 

3. A shield or transmission line should be grounded at 
one end only. The ungrounded ends should be well in- 
sulated. 

4. Isolation transformers should be used at the input and 
output of each amplifier or other device which has a large 
difference in signal level between its input and output. 

By assigning a ranking number to each piece of equip- 
ment, a system may be developed which avoids ground 
loops without requiring a separate lead from each piece of 
equipment to the reference bus. Each item, or group of 
items, of equipment may be assigned a number. The 
primary reference bus is located at equipment numbered 1, 
and secondary reference busses are located at equipment 
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with higher numbers. One system only may have rank 1, 
since there may be only one primary reference bus. The 
reference bus of a low-ranking (high-numbered) system 
must be connected to the reference bus of a higher-ranking 
(lower-numbered) system, until eventually connection is 
made to the primary reference bus. Thus the reference busses 
of all units are ultimately connected to the primary reference 
bus without creating any loops in the reference bus inter- 
connections. 

Number 10 insulated wire, or larger, should be used for 
the reference bus interconnections. For the longer runs, 
or where rf pickup is a problem, this conductor may be 
shielded with insulated copper braid connected to the higher- 
ranking reference bus. 

A completely arbitrary method may be used to rank 
equipment with satisfactory results regarding the absence 
of loops in the reference circuit. However, for convenience 
and economy, the most satisfactory method would distribute 
the reference bus interconnecting wires in about the same 
manner as the cabling is distributed. 

A typical dubbing, or re-recording, channel will serve as 
an example for this method of ranking equipment for the 
reference circuit. 

The equipment is grouped as follows: a main distribution 
panel or patch panel, two mixing consoles, recording 
machines, dummies, other equipment racks, and such mis- 
cellaneous items as microphone outlet boxes and turntables. 


The patch panel is the obvious place for the primary 
reference bus, since it is the main distribution point for the 
system. Therefore, the patch panel will be given rank 1. 
The two consoles are secondary distribution points, and both 


will be ranked 2. Rank 3 will be given to recording 
machines, dummies, and other equipment racks. Micro- 
phone outlet boxes, turntables, and other miscellaneous 
equipment will be ranked 4. 

The reference bus mounting on each of these items must 
be well insulated. Connections to these busses should be 
made in such a way that the connecting wires may be lifted 
and checked for current flow. If current flows in the 
grounding system, it is a symptom of trouble in that portion 
of the circuit. All chassis, racks, shields, and transmission 
grounds on equipment associated with a unit should be 
connected to that unit’s reference bus. Cables connecting 
different items should have their shields connected to the 
higher-ranking reference bus. 

A few suggestions on the actual methods of connecting 
to the reference busses may be of value. The following 
remarks do not imply that these methods are the only 
methods, or the best methods, of achieving a good grounding 
system, but many trouble-free systems have been wired 
according to them. 

The highest-ranking reference bus is in the rack which 
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contains all the jacks for the main patch panel. Here, 
transmission lines from all over the plant either come into 
a terminal block at the base of the rack, and then go on 
from the terminal block to the jacks, or are run directly to 
the jacks. If terminal blocks are used for lines entering 
the racks, a strapped row of lugs connected to the reference 
bus should be provided for shield connections. Only entering 
cable shields connect to these lugs; the cable shields on the 
local side of the block are connected at the jacks. At the 
patch panel, a separate lead is run from the primary refer- 
ence bus to each individual row of jacks and strapped on 
the sleeves of the jacks across the bay. The shield on each 
transmission line running to a jack is connected to the jack 
sleeve. This procedure provides uniformity, and if jacks 
are used extensively it will care for most of the reference 
connections. 

This plan leaves only a few scattered points, such as the 
transmission lines and the mixer system, to be taken care 
of in the console. The only transmission ground in the 
mixer system is made at the mixing network. The low, or 
common, side of the mixer network is connected to the 
reference bus at the console. This connection then provides 
the transmission ground for all lines leading in and out of 
the mixer system. 

The low, or common, side of each attenuator, equalizer, 
or other piece of transmission gear in the system is con- 
nected to the reference bus of its associated unit with a 
separate insulated lead. All attenuators, equalizers, etc., 
when appearing on jacks, will have one side with ground 
standing on them. 

If a system is installed in the manner described above, 
indiscriminate patching will produce no bad effects due to 
ground loops. The only ground loops which are possible 
will occur between adjacent filters, equalizers, etc., where 
the small level differences preclude the possibility of trouble. 

The equipment used in a large installation should have 
a few of the following features which provide for system 
flexibility. Amplifiers should be avoided which do not have 
input and output transformers with electrostatic shielding 
between the windings, or which include the output trans- 
former secondary winding in the feedback loop. Equipment 
which provides separate chassis and transmission ground 
terminals is desirable. A few high-quality, shielded isolation 
transformers, with 1:1 impedance ratio, should be provided 
for patching into a circuit when necessary. 

An audio system installed in accordance with the pro- 
posals made here regarding the reference circuit should be 
quite free from the “mysterious effects” of a confusing, 
unplanned grounding system. An orderly circuit is easy 
to trace and to service. 

It is hoped that a practical approach to this specialized 
branch of circuitry may help to advance the audio art. 
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Consideration of Some Factors Concerning the Use of Audio Transformers 


W. E. Lenwert* 
Audio Development Company, Minneapolis, Minnesota 


The importance of the frequency response-terminating impedance relationship is shown, and the 
prediction of frequency response of transformers with small and large deviations from nominal 
terminating impedance is discussed. Transformer characteristics are considered, including distortion 
due to ferromagnetic core distortion, longitudinal balance, magnetic shielding, and high step-up 
ratios in input transformers. Methods of simultaneous matching of more than two impedances are 


shown. 


M*sS Y misunderstandings of the function and operation 
of audio transformers have grown up with the industry. 
This is not surprising, for few if any items of electronic 
equipment and components have had less material available 
in the literature. When thought of as electrical networks, 
rather than as physical constructions, transformers are 
readily understandable and need not be shrouded in mystery. 
Conventional representation of the transformer as a T net- 
work, as well as isolation of the lf and hf elements, leads to 
simplification of the electrical “structure.” 
By analysis of the lf and hf ranges independently, a good 
approximation of the response performance can be made. 
The networks are on an equivalent or 1:1 ratio. Any 
other ratio can be represented by an “ideal” transformer if 
desired. JL is the shunt inductance of either winding on a 
unity ratio basis. Core loss is the combination of eddy 
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Fic. 1. T network of transformer and networks separating the 
lf and hf elements. 
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Fic. 2. Equivalent T networks of low-impedance transformers. 


current and hysteresis losses and is somewhat variable with 
frequency and level. R, and R, are copper loss or winding 
resistances. Leakage inductances, L,, and 1;,, are usually 
combined, for ease in computing. Core loss is usually small 
enough that it may be omitted for response computations. 
C, and C, are the distributed and lumped capacitances ef- 
fective across the windings. C,, is usually too small to be of 
much importance if the transformer has an electrostatic 
shield, but it may be significant in high-impedance or hf 
transformers without electrostatic shields. In low-impedance 
transformers, such as power output and line, the capacitance 
of the windings can be neglected, for the values of these 
reactances are so high compared to the circuit impedances 
that their effect is quite negligible. Then the network is as 
shown in Fig. 2. 


1. PREDICTION OF PERFORMANCE OF TRANSFORMERS 
WITH SOURCE AND LOAD IMPEDANCES OTHER 
THAN RATED 


When the values of the terminating resistances, trans- 
former resistances, and inductances are known, the response 
can be easily computed by mesh network methods. Even if 
the values are not known, predictions for other impedances 
can be made if the response for rated impedance is known. 
For example, a transformer having a response of % db from 
50 to 10,000 cps in a 500~-500 ohm circuit would be ex- 
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Fig. 3. Frequency-response curves of a typical line transformer with various terminating impedances. 


pected te perform similarly from 100 to 20,000 cps when 
source and load impedances are 1,000 ohms. The shunt 
inductance would have the same relative reactance at 2f; 
the leakage inductance likewise would attenuate the same 
amount at 2f. There is a limit to the range of impedances 
over which this similarity of performance will occur. At the 
low frequencies the winding resistance will become an abso- 
lute minimum terminating impedance, and at some high 
frequency the leakage inductance in series with distributed 
capacitance and core loss will place an upper limit on trans- 
mission. Performances for impedance of two or three times 
nominal and one-fourth to one-half of nominal can normally 
be predicted in this way. If the primary were terminated 
(500-ohm source) and the secondary were open, we would 
find response at the If end the same as with the 1,000—1,000 
ohm terminations. The hf end of the response curve, how- 
ever, would extend out much farther, for there would be only 
the distributed capacitance to drop the voltage through the 
leakage L. Since the transformer was probably not designed 
for this mode of operation, the proportions of leakage in- 
ductance and capacitance may ;esult in a sizable resonant 
peak at some high frequency. Figure 3 shows response of a 
typical line-to-line transformer with various terminations. 
In high-impedance transformers, such as line-to-grid trans- 


formers, the distributed capacitance (as well as other loading 
capacitance) cannot be neglected in predicting changes in 
response under varying conditions. Essentially, the equiva- 
lent network of the elements having effect on hf response is 
shown in Fig. 4. It is apparent that, as frequency increases 
above the resonant frequency of L,C,, the output voltage 
will decrease rapidly. This imposes a rather definite limit 
on the highest frequency for good response, regardless of 
source impedance. When the source impedance is low, so 
that the Q of the entire series circuit (including the trans- 
former ratio) is greater than 1, a rise in voltage at the 
resonant frequency occurs. When the source impedance is 
high, output voltage will start to drop below the resonant 
frequency. Terminated input transformers, wherein the 
terminating resistors are in the ratio R,/R, = (N,/N;)?, 
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Fig. 4. Equivalent network of the hf elements of an input trans- 
former with high secondary impedance. 
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Fie. 5. Frequency response of line-to-grid transformer with various terminations. 


cannot show a resonant rise, for the Q will always be less 
than \/% and at the high frequencies the voltage will de- 
crease smoothly. 

The circuit of Fig. 4 also suggests that the input impedance 
of the transformers will be low at the resonant frequency. 
The minimum limit of impedance at this frequency is roughly 
the winding resistance R, + R, (N,/N,)* for unterminated 
transformers. For small broadcast-quality transformers this 
will usually be from 25% to 50% of the circuit impedance 
for which the transformer was designed. For larger trans- 
formers this value is lower, owing to the usual lower winding 
resistances. Terminated input transformers have better 
input impedance characteristics, as a result of the loss factor 
introduced into the resonant circuit by the terminating re- 
sistor. For those sources requiring “unterminated” loads, 
it may be necessary to sacrifice step-up ratio in order to 
maintain high impedance out to the desired frequency limit. 
By reducing the number of secondary turns and, therefore, 
the leakage L, the resonant frequency is moved upward, the 
serious low-impedance frequency range thereby being moved 
beyond the useful band. The maximum secondary im- 
pedance for input transformers feeding a single grid and 
having response of about 1% db from 20 to 20,000 cps varies 
from 50,000 to about 100,000 ohms, depending largely on 
the input capacitance of the tube. Grid-to-grid impedance 


for push-pull input can be made somewhat higher than for 
single-ended use, because the capacitances of the two halves 
of the secondary are effectively in series. 


2. MAGNETIC DISTORTION 


Magnetic distortion in transformers results from the non- 
linearity of the magnetizing characteristics of steel. The 
harmonic content of magnetizing currents is large, even at 
moderately low flux densities, and the only remedies are to 
introduce an air gap in the core or to make the inductance 
so high that only a small part of the total primary current 
is exciting current. The air gap is necessary if there is any 
substantial unbalanced direct current in a winding, as is the 
case in a transformer operating from a single plate, or in a 
modulation transformer carrying direct current to the modu- 
lated amplifier. Push-pull output transformers usually have 
an interleaved core and rather high inductance values. 
High-grade push-pull output transformers are designed to 
allow a reasonable unbalance of direct current, say 10% of 
rated plate current, and yet maintain reasonable perform- 
ance. Best performance, regardless of design, results if there 
is no unbalanced direct current. Figure 6 shows hysteresis 
loops with and without direct current. The introduc- 


tion of dc magnetization into the core results in even as 
well as odd harmonics, in addition to increasing the mag- 
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Fic. 6. Relative shape of hysteresis loops without and with un- 
balanced direct current in windings. 


nitude of all harmonics in the magnetizing current. Further- 
more, the primary inductance is decreased by the unbalanced 
direct current, which increases the proportion of exciting 
current to load current and further increases the harmonic 
content of the output circuit by dropping the impedance from 
the optimum load for the output tubes. Flux density for a 
given voltage is inversely proportional to frequency, so only 
the lowest frequencies are seriously impaired by unbalanced 
direct current. Aside from proper design and construction, 
maintaining the unbalanced direct current to a minimum is 
essentially the only measure which can be taken to minimize 
harmonic distortion resulting from nonlinearity of the core 
material. 


3. NOISE REDUCTION 


There are three basic types of noise interference in which 
transformers have a role: 

A. Longitudinal noise. 

B. Noise from magnetic stray fields. 

C. Random input noise. 


A. Longitudinal Noise 


Longitudinal noise voltages are those voltages which are 
in phase with each other on the two sides of a balanced line. 
They are usually troublesome only on long lines. A high 
degree of symmetry in the primary windings of the trans- 
former terminating the end of the line will result in substan- 
tially identical current, but with opposed polarity, in both 
halves of the primary winding. As the resulting magnetizing 
force on the core is very small, voltages induced in the 
secondary are very small. At power frequencies, noise re- 
duction of the order of 100 db can be attained. The diffi- 
culty of obtaining a precise capacitance and leakage- 
inductance balance usually limits the noise reduction at high 


frequencies to values of 60-70 db. Electrostatic shields 
between primary and secondary are necessary to prevent 
these voltages from being transmitted to the secondary by 
capacitive coupling. 


B. Noise from Stray Magnetic Fields 


The voltages induced in transformer windings by stray 
alternating fields may be of considerable magnitude if pre- 
cautions are not taken for their reduction. The use of high- 
permeability magnetic shields, hum-bucking construction, 
and orientation of the transformers in the field for minimum 
pickup are the three chief precautions available against such 
fields. Orientation of a transformer alone has proved un- 
satisfactory except in a few special situations. Orientation 
of shielded coils is, however, often useful in obtaining some 
reduction of hum pickup. Hum-bucking construction pro- 
duces very good reduction in stray field voltage, the voltages 
induced in the two coils being equal and opposite, but only 
if the field is uniform. Unfortunately, these fields are seldom 
very uniform, so that hum-bucking construction cannot be 
relied upon for major reduction of hum troubles. High- 
permeability shields offer the most satisfactory remedy, 
although certainly not to the point of eliminating the trouble. 
Field reduction with high-permeability shields means essen- 
tially bypassing the flux around the transformer through the 
low reluctance path offered by the shield. Although mag- 
netic shields are the most effective means of stray field 
reduction, there is a practical limit to the amount of reduc- 
tion available. The tabulated data give the approximate 


"sd shield 35 db 
2shields 55 db 


3 shields 70 db 
4shields 80 db 


effectiveness of nested Mu metal shields such as are com- 


monly used in small- to medium-size transformers. Each 
shield produces less noise reduction than the preceding one. 
If adequate spacing were available, the decline in effective- 
ness of successive shields would be less severe, but this is 
impractical with present-day miniaturization. Copper liners 
are sometimes used between the high-permeability shields to 
provide some additional field reduction, but the shielding 
efficiency is somewhat proportional to frequency and their 
effect at low frequencies therefore is limited. At carrier 
and radio frequencies, copper cases are very effective shields. 
Low-permeability materials, such as cast iron and mild steel, 
have been used extensively for shielding, largely because of 
their relatively low cost. The shielding effectiveness is much 
lower than with high-permeability nickel alloys, but when 
small reductions in pickup are necessary these materials are 
quite satisfactory. The presently popular “shorting band” 
is a simple and moderately effective device for reducing stray 
fields which originate from power transformers. The field 
reduction is accomplished by the induced voltage resulting 
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from the stray field, which causes current to flow around the 
copper path and thereby develops a magnetizing force which 
opposes the original field. Such a shield can be installed on 
existing transformers, around the outside of the case of a 
cased unit. Field reduction by means of a shorting band is 
a reciprocal function of resistance, so a low-resistance band 
is required for good results. Field reduction of 10 db can 
quite readily be attained by an effective shorting band. 


C. ‘Random Input Noise 


Input transformers for low-level inputs are normally 
designed for the highest step-up ratio possible, while still 
maintaining the required flatness of the response, to override 
the random tube noise by the greatest margin possible. 
Owing to the capacitance of the transformer, the wiring, and 
the tube, the practical limit of secondary impedance is in the 
region of 75,000 ohms for broadcast-quality response. If the 
secondary impedance is increased from, say, 75,000 ohms 
to 300,000 ohms, the signal-to-noise ratio is increased by 
6 db. For all practical purposes, however, it is impossible 
to design such a transformer with a flat response curve, 
especially at the hf end, so that equalization is necessary 
to obtain the desired overall uniform response. If the design 
of the transformer is such that the roll-off is a smooth curve, 
simple RC equalizers after the first stage can be used to 
equalize the frequency-response curve. The losses intro- 
duced by such equalization over most of the range will 
attenuate the noise as well as signal, so that overall improve- 
ment in the signal-to-noise ratio will be retained. Further- 
more, this improvement occurs in the frequency range in 
which the ear is most sensitive, and it is, therefore, most 
effective. An increase of 6 db in step-up ratio can readily 
be obtained by paralleling halves of the primary of a stand- 
ard transformer. 

For speech circuits in which top frequencies of 3,000 cycles 
or so are required, secondary impedances as high as 1 meg 
can be used to advantage. If the response curve is not 
required to be too flat, equalization may not be necessary. 
Also, some equalization may be avoided by using most of the 
allowable response variation in the input transformer and 
using an output transformer having somewhat more uniform 
characteristics. 


4. MATCHING OF SEVERAL IMPEDANCES 
SIMULTANEOUSLY 


Frequently it is necessary to join several sources to one 
load, or one source to several loads. When all impedances 
are similar, as in the case of several speakers, no difficulty 
is imposed by simple parallel operation. Some transducers, 
amplifiers, and other equipment, however, are “impedance- 
sensitive” and perform best when working from or into their 
“rated” impedances. By the use of a suitable transformer 
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and series resistors, a number of impedances can be simul- 
taneously matched to the source or load. When all are alike 
or similar in impedance value, this matching can be done by 
Y pads. The insertion loss of the matching system increases 
with the number of lines but is always less with a trans- 
former-resistor system than with Y pads, the advantage being 
greater with larger numbers of lines. Also, the transformer 
can provide isolation of circuits and can mix balanced and 
unbalanced circuits as well as match assorted values of 
impedance with efficiency. As in other transformers, a good 
balance for longitudinal noise reduction can readily be in- 
corporated in transformers for multiple impedance matching. 
Figure 7 shows the multiple matching arrangement as well 
as the equations for deriving the necessary design values for 
delivering equal power to a number of lines of impedance 
Z, from a single line of impedance Z,. It should be pointed 
out that Z, is the nominal secondary impedance necessary 
for design of the transformer; that is, Z, must be known in 
order to determine K, but this value of impedance does not 
actually occur in the system. The figure and symbols are 
shown as though transmitting from one source to several 
loads. These linear networks will function equally well in 
either direction, however, so that they may be used for 
matching several sources to one load. A line voltage E, on 
the primary line (in which there is no series resistor r) de- 
velops a line voltage E, on each secondary line, where E/E, 
has the value shown in Fig. 7. Similarly, a line voltage E, 
on one of the secondary lines develops EZ; on the primary line 
and £, on the other secondary lines. If Z, and Z, are equal, 
then E;/E, is equal to E2/E,, and E,/E, is somewhat lower. 
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Fig. 7. Cireuit and formulas for determining circuit values for 
simultaneous impedance matching. 
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As an example, assume that it is desired to match a 600- 
ohm line to the input of two amplifiers, each having 600-ohm 
input impedance. The transformer required will have an 
impedance ratio of 600 ohms to Z, from the primary to each 
of the two secondaries. Since there are two secondaries, 
Nis2. Z, is 600 ohms, and 


y—1 
Z, = 600 x “= * = 450 ohms 


The value of the resistor required in series with each sec- 
ondary is 
N-1 
‘= 600 X —|— = 300 ohms 
The voltage transformation ratio, from the 600-ohm primary 
to the secondaries, is: 


K = (450/600)** = 0.866 


This corresponds to a turns ratio of 1:0.866. The voltage 
ratio from the primary terminals to the input terminals of 
each amplifier is: 


, 


E. N 
= 0.866 Yr lm 0.577 
or a level reduction of about 4.8 db (plus transformer loss— 
from 1 to 2 db). Three decibels of the 4.8-db drop in level 
is accounted for in the division of energy to the loads. If 
isolation of the “built-out” impedances is not required, a 
single secondary would suffice, both of the r resistors being 
connected to the same winding. To simplify the figures, all 
circuits are shown unbalanced. For balanced circuits, one- 
half the value of resistor r would be inserted in each side of 
the line. 

If several values of impedance are required, as in an am- 
plifier supplying a speaker and also a telephone line, each 
secondary circuit would have a different value of Z,, r, K, 
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THIS TRANSFORMER 
RESISTOR ARRANGEMENT, 
RESISTOR AND LOSS 
VALUES ARE THE SAME. 
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Fic. 8. Y pad and equivalent transformer-coupled circuit. 


etc., each determined as above. The ratio of Z, and r to Z, 
would be the same for any impedance, since these ratios are 
determined by functions of VN. The formulas given in Fig. 7 
are based on the assumption that 1/Nth of the input power 
is delivered from each secondary. 

For comparison, the circuits and equations are shown for 
a Y pad and its equivalent, using a transformer for isolation, 
in Fig. 8. The transformer-coupled Y pad is shown for 
comparison only, as it seems to have no particular merit to 
recommend it in preference to the arrangement of Fig. 7. 

The four topics which have been discussed are but a few 
of many which usually require consideration in the speci- 
fication and design of audio transformers. The various con- 
siderations each become more or less important, depending 
upon the particular transformer characteristics which are re- 
quired. These four were selected as typical examples of 
audio transformer design problems and also as particular 
topics which are often misunderstood. 
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Bypass and Decoupling Circuits in Audio Design 


Lewis S. Gooprrienp 
Audio Instrument Company, Inc., New York, New York 


Audio circuits having required phase and frequency response can be designed easily if the 
designer has a full understanding of bypassed screen and cathode circuits and decoupling filters. 
Rules of thumb and rules applicable only in hf circuits are replaced by easily derived factors which 
modify the usual gain equations for the triode and pentode. 


INTRODUCTION 

IHE DESIGN of low-level audio amplifier stages has not 
received as much attention in recent years as the design 
of power amplifier stages. In fact the treatment of cascaded 
audio-amplifier stages has been neglected from the analytic 
point of view for many years. It is true that the designer 
can look in a number of handbooks and advanced college 
textbooks and find equations describing the frequency and 
phase responses of an amplifier stage. There is a tendency 
on the part of the video-amplifier circuit analyst to try to 
extend his results to the audio field. In both these cases the 

designer is in trouble. 

The handbook and textbook equations usually consider 
stages that have the supply voltages applied from zero im- 
pedance sources and have perfectly bypassed cathode re- 
sistors, or no cathode capacitors. Also the statement is 
frequently made that the plate resistance of a pentode is so 
high that it may be considered infinite. This last assumption 
is almost never true in modern high-gain circuits. 

The video-amplifier designer is working in both the fre- 
quency and time domains with amplifiers having relatively 
low plate load impedances, and he frequently uses widely 
separated time constants in order to improve performance. 
Also If response in video amplifiers is considered adequate 
if the lower half-power point is 10 cps. Thus there is little 
hope of using design methods from this field to solve the 
audio problem. 

The next recourse is to rule of thumb. For instance the 
first two rules dealing with the cathode bypass capacitor 
(its reactance should be 0.1R;, at the desired lf half-power 
point; also it should equal 1/6 the resistance at “some very 
low frequency”) may contradict each other and give two 
designs that will differ greatly. One cascade amplifier 
of three stages may “motorboat,” and the other may not. 
It is obvious that there are several rules, and now a rule is 
needed to determine which rule to use. 

An amplifier might be designed making use of “good 
practice.” But, whose good practice? A circuit may have 
worked well for someone else, but, unless it is designed for 
the specific job at hand, nobody can be sure that as the 
tubes age or as the supply voltages vary the amplifier will 
not become erratic or oscillatory. 


ill 


These points have been detailed because the conditions 
described have led to an unfortunate attitude on the part 
of many designers: build a model, using one of the methods 
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Fic. 1. Pentode amplifier and equivalent circuits for plate and 
sereen-grid circuits. 
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mentioned, and test it. If it doesn’t work, a little effort 
with oscillator, oscilloscope, and soldering iron will fix it. 
It is possible to get one of these “rigs” into production before 
finding out that all the tubes used in the first production run 
had a low gain and, when a new run was finished, the 
amplifiers oscillated. If a purchaser changed a tube, there 
could be endless trouble. 

The crux of the matter is that the usual equations for the 
gain of a tube stage with all the reactive elements included 
are mathematically unwieldy structures. It is possible to 
manipulate these equations, and after sufficient algebraic 
work they will appear in a form consisting of the expression 
for the gain with perfect bypassing and no reactive load 
elements, modified by factors which contain the reactive 
effects. These factors may be treated in two ways. First 
they may be bounded at both low and high frequencies to 
give the limits of gain. They may then be reworked alge- 
braically until the real and imaginary parts of these complex 
factors are readily abstracted. The expression for phase 
shift through the amplifier as a function of frequency may 
then be written by inspection. This method will now be 
applied to two common circuits. 


THE PENTODE 

First to be considered is the pentode with screen bypassed, 
plate decoupling, and grid-coupling capacitors, but very good 
cathode bypassing or fixed bias. The reason for the re- 
striction on the cathode is that the gain will readily dis- 
appear if the cathode resistor is not bypassed and our prob- 
lem would be academic. 

The size of the cathode bypass capacitor will be discussed 
following the analysis of the circuits. 

The pentode and its equivalent circuits are shown in 
Fig. 1. In the equivalent circuits: 

Zc = impedance of plate load and coupling and de- 

coupling circuits. 

Z, = external screen impedance. 

r, = internal screen resistance. 

r, = internal plate resistance. 
The two equations for these circuits: 


ii 


I, = SegEg + &spEp + 
r. a 
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E E 
Ip = SmEy + SpeEs + — = -— 
'p Z pc 


(2) 
may be solved simultaneously, assuming that the division of 
signal current between the screen and the plate remains 
constant for all electrode potentials in the operating region.** 
The result is 

1 
Z pc 
= 


A = gmZ pe Z 

1 —R 

+ = joC 

Calling Z, the two impedances in the plate circuit, it may be 

simplified to the constant (1 + a), hereafter called 8, times 
the complex fraction as shown in eqs. 4 and 4a. 


= Rs 
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(4a) 
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Ze may then be assembled and along wit’: Z, substituted 
into eq. 3. 
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When all the algebraic simplification is carried out, eq. 7 
results. 


1F. E. Terman, Radio Engineers’ Handbook, 1st ed., McGraw-Hill 
Book Co., New York, 1943, p. 358, footnote 1. 


2F. E. Terman, Radio Engineering, 3rd ed., McGraw-Hill Book 
Co., New York, 1947. 
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This is the complete unreduced gain function. The next 
step is the separation of eq. 7 into factors each of which is 
related to only one time constant and 8. This is done by 
multiplying and dividing by fractions equal to unity. The 
bulky terms which are left may be replaced by new symbols 
S, M, and N. Finally, the bounding values for the expres- 
sions containing 8 are determined and placed at the upper 
and lower ends of a square bracket which is used here as a 
“bounded by” sign. 
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If the magnitudes of the numerator and denominator are 
plotted in decibels vs log frequency, their asymptotes will be 
unit slopes starting at #, and Bw,. Their sum on the decibel 
plot gives the complete asymptote shown by the heavy line 
in Fig. 2. The transition is a smooth one, and w, and Bw, 
are seen to be the change points. Various plots of the 
doublet transition are available in the literature.*-* 


Equation 7 may again be manipulated to separate the 


1+j 


wo 
, 


It is always pleasing to have a check on an equation of 
this sort. Thus if the screen impedance can be set equal to 
zero and no decoupling included, making 8 equal to unity, 
the result is the familiar pentode gain equation. 


as 3 
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complex terms and get them into the form of products in 
the numerator and denominator. The phase angle is then 
the sum of all the separate angles of the numerator terms 
less the sum of all the angles of the denominator terms. 
They may be arranged in convenient form without any 
bounding process as was needed jor the gain. 
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The point at which the shift from the upper limit to the 
lower limit should be made can be determined by examining 
the magnitude of the complex fraction 


, @ 
1+ 4 
d 


® 


The results, eq. 7 giving the amplitude and eq. 10 giving 
the phase angle, are not expressed in the compact forms 
familiar to many designers. In design work visual compact- 
ness of the mathematical tools is not always a virtue. With 
a slide rule it is as easy, if not easier, to operate on the S 


3 William A. Lynch, The Stability Problem in Feedback Amplifiers, 
Proc. Inst. Radio Engrs., 39, 1004-1006 (1951). 

* Edwin D. Sisson, Resistance-Capacitance Networks in Amplifier 
Design, see pp. 116-124, this issue. 
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1 
Ri 
Ri 
1 
t To + (n+ 1) Ri 


log ¥ > The phase angle is obtained in the same manner as that 
for the pentode. It is, forr, << R, < Ry, 


Fig. 2. Doublet response asymptote. 


and T scales when using complex numbers as it is to square 
two quantities and take a root. Also the phase angle is 
shown as the sum and difference of several angles. This was 
found to be more convenient than the single combined 
equation for purposes of tabulation. 


THE TRIODE where 
Next to be considered is the triode with no decoupling R, 
network and the cathode bypassed, but not perfectly. The (n+ 1) (: + z) 
circuit and one form of its equivalent circuit are shown in P=1+ 
Fig. 3. The unreduced gain, eq. 11, is given in terms of the Ri+r+ = 
variables Z, and ©. 
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It should be noted that the condition r, < R, < R, is: 
usual operating condition for triodes. 
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At low frequencies, 
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Fic. 3. Triode amplifier with no decoupling network and equivalent circuit. 
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Fic. 4. Thévenin equivalent cireuit for triode amplifier with cathode impedance and decoupling network. 


TRIODE WITH DECOUPLING 


More important than the preceding case is the triode with 
imperfectly bypassed cathode, plate decoupling, and the 
usual grid-coupling circuit. Thévenin’s theorem applied to 
the basic equivalent circuit? yields a simple circuit from the 
point of analysis (Fig. 4). Here Z, is the same as for the 
pentode, and Z,, is the impedance of the cathode resistor and 
bypass capacitor in parallel. 
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‘he unreduced gain function may then be written by in- 
Spection. 


The amplitude transition is a smooth one and may be plotted 
with the aid of the doublet curves.*** Beyond the transition 


the response is a function of only the coupling capacitance 
time constant. 


More important in the transition region is the phase shift, 
which is accurately given for the two regions stated and 
which is approximate between them. However, £8 is usually 
small compared to unity for most audio applications, and the 
variation in Q and ,’ is further reduced because of the form 
of the equation in which 8 appears. For greater accuracy 
the doublet amplitude may be substituted for @ at several 
points in the transition range in order to calculate Q and o,’, 
but it is still not the exact value. The one redeeming feature 
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In the mid-band range this reduces to eq. 12, which par- 
tially checks the derivation. At very low frequencies the 
gain becomes 
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is the fact that the exact capacitance values are unobtainable, 
and the calculations as outlined will thus give results with 
greater accuracy than needed with standard tolerance parts 
in the circuit. (See eq. 18.) 


Now it is possible to say something about the cathode 
capacitor for the pentode. From our new knowledge of the 
doublet transition we can see that the reactance of the 
capacitor must be compared, not with R, the cathode re- 
sistor, but with some factor times the cathode resistance. 
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This factor is less than unity and is approximately the re- 
ciprocal of (1 + g»R,). Now, we may say that C, should 
equal (1 + g,,R,) times the capacitor whose reactance is 
numerically equal to the cathode resistor at the lower half- 
power frequency being considered for each stage separately. 


® 


“* =~ C(RiB + Ry) 


The work presented is indicative of methods which may 
be applied in general to audio-amplifier circuit design, where 
shop and laboratory time cannot be wasted in making half- 
designed circuits fit an application where a neat, tight design 
is required. 
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Resistance-Capacitance Networks in Amplifier Design 


E. D. Sisson 
Bell Sound Systems, Inc., Columbus, Ohio 


A method is described by which a variety of RC networks such as equalizers, filters, tone 
control, and coupling circuits can be reduced to two basic types. Frequency and phase characteristics 
are derived and reduced to their simplest graphical form. Generalized attenuation and phase curves 


are presented. 


Impedance matching, loading effects, and other limitations are discussed. Typical 


equalizer and tone control problems and their solutions are given. 


E USE OF resistance-capacitance networks has become 
increasingly popular in amplifier design because of their 
simplicity, low cost, and trouble-free operation. Their small 
size and immunity to stray magnetic pickup, so troublesome 
with inductors, make them ideal for use as equalizers, tone 
controls, coupling impedances, feedback networks, and many 
other applications. 

Often the simplest RC combinations become rather cum- 
bersome to handle mathematically, and at the same time a 
quick approximation may fail to yield the desired accuracy. 
The myriad of resistors and capacitors to be found on the 
underside of an amplifier chassis may startle the layman, 
but for those who must deal with them it serves to empha- 
size the need for a simple and universal method of solution 
to RC problems. 

Extensive theoretical treatment has been given to the sub- 
ject of equalizers in the literature, but it is not too easily 
applied in everyday amplifier work, particularly when net- 
works must be fed from vacuum tubes of relatively low 
source impedance and into a grid circuit having nearly 
infinite input impedance. This paper presents a generalized 
method of attack which can easily be extended into the 


domain of feedback amplifiers. It is designed to provide 
accuracy with the minimum of effort on the part of the 
designer. 

The problem usually presents itself in one of two ways, 
either to find the frequency-response and phase-shift char- 
acteristics of an RC circuit in which the circuit constants are 
known or, conversely, to solve for the values of R and C to 
produce a desired attenuation or phase characteristic. The 
simplest RC network is of the four-terminal ladder variety, 
consisting of one capacitor and a number of resistors. This 
is the type considered in this paper, although the method 
can be applied to many networks having more than one 
capacitor. 

Circuits containing one capacitor and any number of 
resistors which can be reduced to either a series or shunt 
capacitor are shown as class I networks (see Fig. 1). Circuits 
containing one capacitor and any number and configuration 
of resistors which cannot be reduced to a class I type are 
class II networks in which the capacitor is buried somewhere 
within the resistance network. These are considered separ- 


ately, even though class I is a special case of class II net- 
works. 
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The figure shows typical examples of each class of circuit. 
Two examples of class II circuits are shown. Circuit (a) has 
a series C but is prevented from falling into class I, series 
C, because of resistor R. Circuit (b) cannot be identified as 
either series or shunt C. If the grid wire were moved to the 
top of the resistor shown, resistor R would prevent the 
circuit from being class I, shunt C. 

The next step is to establish where the input and output 
terminals of the network are located, since the responses are 
defined only from the input to the output terminals of the 
network. That is, the method is based on the assumption 
that the source impedance feeding the RC network is zero 
(constant voltage regardless of loading) and the output or 
load impedance is infinite, or feeding into an open circuit. 
A circuit not satisfying these requirements—for example, 
a tube feeding the network where the tube plate resistance 
influences the response—can usually be made to conform 
by moving the input terminals so as to include the tube plate 
resistance within the RC network. Similarly, the load re- 
sistor may be moved into the network to obtain the overall 
response. 

Tubes are considered as separators between the various 
RC networks, the dividing line being pe,, the equivalent 
plate circuit generator. The overall response of a series of 
stages is simply the sum of the phase and attenuation char- 
acteristics of the individual networks, the tube gains being 
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lumped into a single gain constant and applied as a scale 
factor to the resultant response curve. 

The complex ratio of the output voltage to the input 
voltage will be called the voltage transfer ratio, or simply 
the transmission of the network. Passive networks contain- 
ing only resistors and capacitors will always have a trans- 
mission of less than 1. If the input voltage is held constant 
at 1 v, the output voltage and the transmission are identi- 
cal quantities. 

In Fig. 2, as a matter of illustration, is shown the deriva- 
tion of the transmission for the simplest class I circuit. 


E, Output voltage 
E, Input voltage 
R -1 
~ R+iX’* Oxf 

~ 1 
~ 1+ j(X/R) 


Let F be frequency where |X| = R, and let f be any applied 
frequency. When |X| = R, then 


1/2nFC =R 
F = 1/227RC 
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Similarly, for series R, shunt C, circuit we have 
1 


"TEHF 


(2) 

Both of these expressions are simplifications of the general 

equation for class II networks: 

7 Tet iT /F) 
é 1+ j(f/F) 


It should be noticed that the transmission T for class I 
circuits is defined entirely in terms of the ratio of the applied 
frequency to the frequency F at which the absolute value of 
the reactance of the capacitor equals the resistance (eqs. 1 
and 2). The general equation (eq. 3) introduces two new 
quantities, T> and T,. These are the transmission of the 
network at zero frequency and at infinite frequency, respec- 
tively. They are important network constants and are evalu- 
ated very simply by assuming that the capacitor is open- 
circuited for 7» and short-circuited for 7,. 

A graphical display of the transmission functions for the 
two network classifications will help to reveal their basic 
natures. Figure 3 shows the polar diagram for the two 
simplest class I circuits. 

Drawing the vectors representing the voltages around 
the circuit, we note that the voltage across the capacitor, 
Ec, must always be at right angles to Ep, the voltage across 


(3) 
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Fic. 4. Polar diagram for class IT cireuits. 


the resistor. The output voltage, Ep or Eg as the case may 
be, therefore traces out a semicircle as the frequency is 
varied over the entire range from zero to infinity. In gen- 
eral, then, the polar diagram of the class I network trans- 
mission can be laid out as a circle on the 7 plane, the 
series C forming the upper half, the shunt C the lower half. 
Frequency increases clockwise around the diagram. 

Let us briefly explore the diagram. Starting at the origin 
we have zero transmission for the series C circuit at zero 
frequency because the capacitor cannot pass direct current. 
As the frequency f is increased, the circuit transfers a very 
small voltage, and it is reactive because of the phase shift 
through C at low frequencies. Still further increase in f 
brings us to the top of the circle at the turnover frequency F 
where the phase angle of T is 45° and the length of the T 
vector is 0.707 of its maximum, or 3 db down. Still further 
increase in f swings the output voltage down in phase with 
the input to finally produce unity transmission at infinitely 
high frequencies where there is no voltage across the capaci- 
tor. 

The right-hand intersection of the polar circle with the 
axis occurs at unity transmission (J = 1) for the simple 
circuits shown. However, if the resistance of the source 
is introduced into circuit (a) or the load resistance into 
circuit (b) the transmission will not quite reach unity and 
the circle will shrink in diameter accordingly. The amount 
by which the maximum transmission falls short of unity is 
the minimum insertion loss of the network. 

As before, the above is a special case of the more general 
class II polar diagram shown in Fig. 4. This diagram 
differs from Fig. 3 in that the transmission never goes to 
zero. The circle therefore never intersects the origin but is 


displaced to the right by an amount corresponding to the 
minimum transmission of the network. There are two 
important results of this. First, the network now has two 
turnover frequencies, F; and F2, at the two points where the 
diagonal line intersects the circle, and, second, the phase 
angle goes to zero at both the minimum and the m7? imum 
transmission of the network. As the frequency is varied, 
the phase angle increases from zero, passes through a maxi- 
mum always less than 90°, and then returns to zero. The 
phase is the same at both F, and Fy» and is always less than 
45° at these points. 

Obviously there are two types of class II networks, one 
having positive phase angles and corresponding to the upper 
half of the diagram, the other having negative angles and 
corresponding to the lower half. Positive or leading angle 
networks have a transmission which increases with frequency, 
from a minimum value 7 at zero frequency to a maximum 
value T,, at infinite frequency. Negative or lagging angle 
networks act inversely, since their transmission function 
decreases with increasing frequency. 

The typical circuit shown in Fig. 4 can be made to func- 
tion as either a leading or a lagging angle network, depend- 
ing entirely upon the resistor values in the network. There 
is, in fact, a set of conditions where the circle shrinks to 
zero as the resistors are varied, T is single-valued, and the 
response is flat with frequency. In order for a network to 
pass from one half of the diagram to the other the semi- 
circle must shrink to zero and pass through a point on the 
axis. Circuits of the type having two turnover frequencies 
and two levels of transmission are called “doublets.” Before 
going farther we should point out that all the above dis- 
cussion applies equally well to resistance-inductance net- 
works, which are the inverse of the RC network. 

In order to obtain a picture of network behavior on a 
frequency basis, we replot the circle diagrams on a conven- 
tional log frequency scale. The resuit is shown in Fig. 5. 
The equations for these curves as derived from the general 
equations of Fig. 2 are 


(a) Positive slope roll-off 
T; 1 
To V1+(F/fP 
(b) Negative slope roll-off 
T; 1 
— = ——_—_ /-tan" (f/F) 
To V1+(/F) 


/ tan! (F/f) 


(5) 


Curves a and 6 are the familiar roll-off type of curve for 
class I single-section RC networks. They are characterized 
by a flat or horizontal portion where the resistance controls 
the output and a sloping portion where the capacitor con- 


trols the output. A gradual transition at the knee of the 
curve connects these two asymptotic portions. 
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Fic. 5. Transmission and phase curves for class I networks. 


The asymptotes are the two straight lines which the curve 
approaches at frequencies above and below F. 

In the sloping region, the output voltage becomes propor- 
tional to frequency in circuit (a) and inversely proportional 
to frequency in circuit (b). Therefore a 2:1 change in 
frequency produces a 2:1 change in the magnitude of the 
transmission ratio, and the asymptotic slope is 6 db per 
octave or, more accurately, 20 db per decade. This slope 
we call unit slope. It is positive, or upward, for circuit (a), 
and negative, or downward, for circuit (b). The zero and 
unit slope asymptotes intersect at the turnover frequency F. 
The response is 3 db down at this point, and at points spaced 
one octave above and below F the response is 1 db below 
the asymptote. By constructing the two asymptotes and 
locating the three points on the curve, the entire response 
curve can be sketched in with good accuracy. 

The transition from zero to unit slope occupies only about 
four octaves, while the phase curves occupy a much broader 
frequency span. They pass through 45° at the turnover 
frequency F and approach zero and 90° at the frequency 
extremes. The angle is within 5° of its limit roughly one 
decade on either side of the turnover frequency. Angles are 
positive where the slope of the transmission curve is positive 
and negative where the slope is negative. This similarity 
of signs is consistent for all RC networks discussed in this 
paper. 

Two steps were taken to normalize the curves for universal 
application to all class I networks. First, the frequency scale 
is plotted in terms of the frequency ratio f{/F instead of f 
alone. Second, the transmission scales are reduced to unity 
by dividing by the maximum level 7,, for circuit (a) or To 
for circuit (b) and converting to decibels. This is necessary 
in order to show decibel change in transmission directly. 
Fortunately, the value of the maximum transmission level 
is easily calculated in practice from the resistors in the 
network only, considering the capacitor open-circuited for 
T, and short-circuited for T,. 

Determination of the turnover frequency is also relatively 
simple. In Fig. 2 the turnover frequency F was defined as 
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the frequency where the magnitude of the reactance of the 
capacitor was equal to the resistance associated with it. 
This resistance will be labeled R’ and is defined more pre- 
cisely as the resistance which the capacitor sees looking into 
the network from the capacitor terminals with the input 
terminals considered short-circuited. 

This definition applies to all classes of RC networks dis- 
cussed in this paper. After R’ is found from the various 
values of resistance in the network, the turnover frequency 
can be determined directly from the equation F = 1/27R’C, 
or it may be determined graphically from a standard re- 
actance chart at the point where the R’ and C lines intersect. 
Curve sheet 1 in the Appendix is a reproduction of the stand- 
ard reactance chart. Sheet 2 is a plot of the roll-off trans- 
mission curves on standard four-cycle semilog graph paper. 
These sheets are intended to enable the designer to trace 
a curve directly to another sheet of graph paper by first 
aligning the point 1.0 on the frequency scale with the actual 
turnover frequency point of the circuit under test. 

Curve sheet 5 in the Appendix shows the phase-shift 
curves for the roll-off type of network. 

The class II doublet response curves shown in Fig. 6 
differ from the roll-off curves by having a minimum trans- 
mission level which is not zero. This flattening of the curves 
on the lower end gives them a “step” appearance. 

The equation for these curves, in terms of the high-ampli- 
tude turnover frequency F;, as derived from eq. 3, is 
T; (wom 


To 


— | tan*T,(f/F,)-tan* (f/F;,) 


(6) 
1+ (f/F;)* 


where Tp = T,,/To, the transmission step ratio, and F; is 
the turnover frequency given by F; = 1/27R’C. 

Note that the step curves are built around an asymptotic 
framework consisting of two horizontal lines representing the 
minimum and maximum transmission levels and a line seg- 
ment of unit slope connecting them. The two types of 
doublets are those having step-up and step-down character- 
istics. The step height expressed as the ratio of T,, to To is 
called the step ratio Ty. The step height can be made to 
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Fig. 6. Transmission and phase curves for class II networks. 
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vary over wide limits, depending only upon the values of 
resistance in the network. For simplicity, only two of a 
family of doublet curves are shown in Fig. 6. 

The sloping segments intersect the high-amplitude and low- 
amplitude asymptotes at the turnover frequencies F; and Fo, 
respectively. The spacing of the two turnover frequencies, ex- 
pressed as a ratio F,/F2 or F2/F,, whichever is greater, is 
called the span of the doublet. From the geometry of the 
figure it is evident that the span is directly proportional to 
the step ratio for a step-up doublet, and to the reciprocal of 
the step ratio for a step-down doublet. It can be shown that 


(7) 


The curves are symmetrical about the center of the span; 
F, = \ F;Fs2, and the transmission curve passes through 
this point where it has the value 7, = Y 77». These are 
simply the geometric mean of the span and step height, 
respectively. The step height is actually 6 db per octave of 
span. However, the slope of the transmission curve never 
quite reaches the unit slope of the line segment. The actual 
curve slope at the center of the span is 


F,/F,=T./T, 


(8) 


and is the maximum slope of the doublet in slope units. To 
convert the slope to decibels per octave, multiply S$ by 6, or 
multiply by 20 to obtain the slope in decibels per decade. At 
the turnover frequencies the curve passes through points 
which are displaced just under 3 db from the asymptotic 
intersections. With these data and a clean sheet of graph 
paper the doublet curve can be sketched in with fair accuracy. 

The phase curves are also symmetrical about the center of 
the span and reach extreme values at midspan. The extreme 
value is given by the expression 


Omax = tan? ¥ Tp —tan" V 1/T, 


(9) 


This angle is dependent only upon the step height which, 
for a given capacitor, depends only upon the values of resist- 
ance in the network. The higher the step ratio, the greater 
is the maximum phase angle; and the smaller the step ratio 
(for step-down doublets), the more negative is the extreme 
phase shift. The value 9.x, however, never reaches either 
90° or -90°. The angle is positive or negative according 
to the sign of the step slope. The phase angle at the turn- 
over frequencies is equal to 


Or = + [tan (Tp) — 45°] (10) 


the positive sign being used for a step-up doublet, and the 
negative sign for a step-down doublet. 6, always lies be- 
tween 45° and —45°, 


The step curves are plotted in terms of frequency ratio, 
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as before, and in decibels change in transmission upward and 
downward from the reference lines. When used as a tone 
control or equalizer, the doublet can provide either “boost” 
or attenuation. A “boost,” of course, is actually a reduction 
of attenuation, but for purposes of design the curves are 
labeled in decibel boost and attenuation. Curve sheet 3 in 
the Appendix shows a family of step curves drawn for various 
step ratios ranging from 1/40 to 40, a range of some 30 db 
boost or attenuation. Boost curves are scaled upward from 
the minimum transmission level and attenuation curves 
downward from the maximum level. Each doublet is ac- 
tually repeated four times, above and below the axis and in 
its negative and positive form, for easy application to tone 
and equalizer problems. 

The family of boost curves have their low-amplitude 
turnover frequencies F2 in alignment on the frequency scale 
and labeled f/F2. Attenuation curves have their high- 
amplitude turnover frequencies F, in alignment, and the 
same frequency scale is read as f{/F;. The result is a sym- 
metrical arrangement of curves on a common normalized 
frequency scale. 

The general equations (eqs. 3 and 6) are in terms of F,, 
the high-amplitude turnover frequency, and it is F, which 
is obtained by equating the reactance of the capacitor to R’. 
The determination of F, will position the entire curve on the 
frequency axis. The transmission at all other frequencies 
is then scaled directly from the curve. Laboratory data 
which have been plotted to the same scales on thin graph 
paper can be laid over these curves for a direct check on 
circuit design. 

Curve sheet 6 in the Appendix shows the phase-shift 
curves for the family of doublets of sheet 3. The use of the 
curves is self-explanatory. 

RC networks cascaded by direct connection from one net- 
work to the next cannot be solved by this method unless 
they are sufficiently separated so that the loading of one 
network upon the previous one is minimized. One solution 
of the loading problem is to separate the turnover frequen- 
cies so that the sloping portion of one network does not 
overlap that of the other. By separating the sloping regions, 
it is possible to place several capacitors in the same resistance 
network without complicating the analysis. A well-known 
example is the record playback equalizer for use with mag- 
netic pickups. 

Curve sheet 4 in the Appendix shows the attenuation of a 
two-section filter of directly connected RC sections having 
identical turnover frequencies. The impedance of the second 
section is increased by a factor of K, but the turnover fre- 
quency remains equal because both sections have the same 
RC product. When K is very much less than 1, the curve 
appears to shift in frequency by a factor of K because of the 
extreme loading. The effect of increasing K is to reduce the 
loading effect of the second section upon the first and there- 


E. D. SISSON 121 


\ 


Fic. 7. Asymptotic amplifier responses. 


fore to sharpen the knee of the curve. When K goes to 
infinity, the two networks are completely isolated as they 
would be if separated by a perfect vacuum tube. When 
they are thus separated we have a second-order roll-off, 
equivalent to multiplying the standard attenuation and 
phase curves by a factor of 2. 

We have seen that a turnover point is, from the graphical 
point of view, a pivot point for the asymptotic slopes, and 
that there is a change in slope of one unit about each turn- 
over point. When turnover points occurring in different 


stages of an amplifier fall at the same frequency, the slope 


changes by two units at that point. In the event that the 
change is in a positive direction for one network and negative 
for the other, cancellation takes place and there is no change 
in slope at that point. If both are in the same direction, a 
change of two units occurs, for example from a positive to 
negative unit slope or from zero to a second-order slope. 
Cancellation of turnovers is sometimes used to advantage 
in amplifier design to eliminate an undesired turnover or to 
extend the useful bandwidth of the amplifier. 

Much information about amplifier performance can be 
obtained by spotting the turnover frequencies associated 
with the various stages and laying in the asymptotes. A 
hypothetical amplifier is shown in Fig. 7 as having upper 
turnover points F,, Fz, and Fp as a result of tube and stray 
circuit capacities in the various amplifier stages. A doublet 
is shown in one of the stages and its lower turnover fre- 
quency is made to coincide with the amplifier F, turnover. 
Two lower turnovers Fy and Fy are due to coupling capaci- 
tors, and the second-order slope at Fy may be the result of 
a cathode or screen bypass turnover coinciding with a 
coupling network turnover. 

As shown in the figure, the overall asymptotic charac- 
teristic is obtained by adding the slopes of the individual 
stages at the various turnover points where they occur. 
Notice that two unit slopes of 6 db per octave each of the 
same sign combine to form a second-order slope of 12 db 


per octave. Equal slopes of opposite sign cancel; thus there 
is no change in slope at frequency Fz. The effect of the 
doublet is therefore to eliminate turnover F, and to create a 
new turnover at some higher frequency Fe. After the overall 
asymptotes are positioned, the resultant curve can be 
sketched in approximately as shown. The method is par- 
ticularly useful in feedback amplifier design where the prob- 
lem is to so shape the contour of the cutoff transmission 
characteristic that maximum attenuation is obtained con- 
sistent with a phase shift of less than 180°. This determines 
the maximum amount of feedback that can be added without 
oscillation. 

We can summarize by stating the following universal facts 
regarding simple, cascaded class I networks: 

1. Each RC or RL network has one turnover frequency 
and one unit slope asymptote of 6 db per octave associated 
with it. 

2. The final slope in the cutoff region is always a cor- 
responding integral number of unit slopes. 

3. Each unit slope has associated with it a phase shift 
of 90° and of the same sign as the slope. 

4. The total phase shift is equal to a corresponding in- 
tegral multiple of 90°. 

The polar diagram of cascaded RC networks is of interest 
in connection with the stability problem in feedback ampli- 
fiers. Figure 8a is a polar plot of one-, two-, three-, and four- 
section class I networks in cascade. Notice that as more 
sections are added the circle is distorted because the phase 
exceeds 90°, causing the pattern to swing into the left-hand 
quadrant. The curves are drawn for sections having identi- 
cal turnover frequencies. If the turnovers are different, the 
actual polar curve will fall somewhere in between those 
shown. The exact curve traced out will depend upon the 
relative locations of the turnover frequencies. For example, 
the amplifier of Fig. 7 has three hf turnover points so 
that the polar curve will follow a path between curves 1 and 
3 but will coincide with curve 3 at the ends. Notice that the 
curves enter the origin at integral multiples of 90°. 

Figure 8b is the polar diagram of the loop transmission 


(a) Polar plot of caseaded 


(b) Polar diagram of feedback 
RC networks. 
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(a) A simple phonograph (b) The equivalent circuit. 


equalizer. 
Fig. 9 


of a typical feedback amplifier. Notice the similarity of the 
lower hf half of the diagram with curve 4 of Fig. 8a. By 
properly scaling the diagram of Fig. 8b we have the familiar 
Nyquist stability diagram from which the stability margin of 
the amplifier can be determined. 

As an example, suppose that it is desired to design a simple 
equalizer for a phonograph pickup preamplifier for insertion 
between the two triode tubes (Fig. 9). The equalizer is for 
a magnetic pickup which requires a lf rise having a 400-cps 
turnover and a hf roll-off of 12 db at 10,000 cps. A total 
If rise of about 20 db is desired. 

A simple divider type of equalizer circuit is chosen, having 
a series resistor R,; followed by shunt arms ReCe2 for If boost 
and C, for hf attenuation. Both characteristics can be in- 
corporated within the same network of resistors because their 
sloping portions are well apart. The circuit containing 
R;, Re, and C2 will be considered first. This configuration 
falls into class II and is therefore a doublet. A 20-db change 
in transmission means that the step height is 20 db, or 
Tr = 1/10. The low-amplitude turnover frequency F2 is 
specified as 400 cps. Therefore the high-amplitude turn- 
over F,, the one nearest the maximum transmission level, 
will be one-tenth of F2, or 40 cps. 

It is desired that the input impedance to the equalizer 
be high compared to the source impedance represented by 
the dynamic plate impedance of V, in parallel with its load 
resistor. Let R, be 50 kohms in round numbers, and let R, 
equal 500 kohms. Writing the expression for Tp, we have 


To == 3 
because the capacitors are open-circuited and 
R 
T.= = 
R,+ Ri + R2 


considering C2 shorted. Therefore 


1 To R,+Ri+R2 
~ Re 


Inserting the values 1/7, = 10, R, = 50 kohms, and R; = 
500 kohms, we have 

_ 50+ 500+ Re 

i Re 


10 


from which Ry = 61.1 kohms. 
Boost in excess of 20 db can be obtained by simply de- 
creasing the value of Tp by reducing Re, and the span will be 
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increased accordingly. To establish the value of C2 we first 
solve for R’, the resistance into which the capacitor looks 
with the input terminals short-circuited. 


R’' =R,+ Ri + Rez = 611 kohms 


From the reactance chart at 40 cps and 611 kohms we find 
the value of Cz to be 0.0065 uf. 

The circuit arrangement has a 20-db loss (insertion loss) 
at high frequencies and, owing to the absence of a grid-leak 
resistor, no loss at zero frequency. A resistor on the grid of 
V2 would considerably reduce the value of 7) and would 
require the reduction of R2 to preserve the 20-db step height. 
The grid leak can be connected in the input side of R, to 
ground and alleviate this condition by only slightly affect- 
ing R,. 

The hf roll-off is a simple class I circuit with C; to ground. 
A 12-db roll-off at 10 kc is specified, and by referring to 
curve sheet 2 in the Appendix at —12 db we find the value 
of {/F to be 3.8. Therefore 

10,000/F = 3.8 
and F = 2,630 cps, the turnover frequency. Solving for R’, 
pe — Re(Ri + Re) 
Ri + Ro + R, 
= 55 kohms 
From the reactance chart at F = 2,630 cps and R’ = 55 
kohms we find C; = 0.0011 yf. 

An analysis of the tone control circuit shown in Fig. 10 
will illustrate the simplicity of the method. The circuit has 
a capacitor C connected across a control so that the control 
is effectively short-circuited at high frequencies, but the lf 
response will vary with the control setting. 


__ (1/100) KR + Re 
° RF RFR: 
R2 
T, == 
Ri + R2 
Te 
Tr = —— = Step height 
To 
T oe. (f ] h 
© OKT or values chosen) 
pr — RR + Re) 
— R+Ri+R2 
R’ = 0.99R, 


Let R be the total resistance of the control and K the 


Fig. 10 
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percentage of the total resistance remaining in the lower 
portion of the control. 

Step 1. Solve for T,, and To. At T,, we assume that the 
control is short-circuited and tied to the arm, since no current 
is taken from the arm (see Fig. 10). 

Step 2. Obtain the step height J, by taking the ratio of 
T,, and T». 

Step 3. Insert values of resistance or assign values in 
terms of R,, for example: 


R2 = (1/10) Ri 
A= 10R,; 


The expression for Tp is now in terms of K, showing that 
the response curves will vary with the control setting K. 
When K = 0 (control at zero), Tz = 10, which is a 20-db 
bass attenuation curve. 

When K = 100% (control full on), Tz = 0.1, which is a 
20-db bass boost. At some point in between, the circuit will 
have flat response. Flat response occurs where the step 
height is reduced to zero or the step ratio is unity. When 
Tr = 1, K = 9%, so that flat response occurs just below 
10% resistance in the control. If a standard “audio” taper 
is used, 10% resistance falls at 50% rotation, or approxi- 
mately so, giving flat response at midscale. A slight adjust- 
ment of values will place flat response exactly at midscale 
if desired. The expression for T, in Fig. 10 is an approxi- 
mation and involves a 1% error. By inserting values of 
percentage resistance and solving for T, a family of response 
curves for various control settings may be traced from sheet 
3 in the Appendix. 

In order to place the curves on a frequency scale or to 
find the value of capacity which will locate the turnover 
points at the desired frequencies, we must first find R’. 

Step 4. Solve for R’, the resistance into which the capaci- 
tor looks with the input considered short-circuited. The 
value given in Fig. 10 reduces to R = 0.99R,, which is in- 
dependent of the control setting K. The fact that R’ is 
independent of K means that F,, the upper turnover fre- 
quency, is also independent of K so that the bass attenuation 
curves appear as in sheet 3 with their upper turnovers in 
alignment on the frequency scale. The lower turnovers, 
therefore, vary with T, so that the bass boost family of 
curves are shifted to the right according to the value of Tp. 

Step 5. The last step is to assume a turnover frequency 
and solve for the capacitor C. Suppose that 


F, = 250 cps 
Now let 
R,; = 100,000 ohms (then R = 1 meg, Re = 10 kohms) 
Then, from the reactance chart, 
R’ = 99,000 ohms 
and 
C = 0.007 pf 
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APPENDIX 


Some typical tone control circuits which may be solved by the 
use of the RC design curves. 
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Attenuation Equalizers 


F. R. Bres 
Bell Telephone Laboratories, Inc., Murray Hill, New Jersey 


In all systems there are components which attenuate some frequencies to a greater extent than 
others, and attenuation equalizers are usually required to correct the overall gain-frequency 
characteristic. This paper will deal with the types of attenuation equalizer that are found most 
useful, the performance that they display, and a chart method of computing their insertion loss. 


PRACTICALLY any system, whether it be a com- 

munications system, a recording system, or a reproduc- 
tion system, there are various components which attenuate 
some frequencies more than others. The resulting attenua- 
tion distortion may be corrected at specific places by the 
insertion of equalizers. An attenuation equalizer cannot 
restore the loss of gain which occurs at some frequencies, 
but it can add complementary attenuation which will correct 
the overall gain-frequency characteristic. 

This paper will deal with the types of attenuation 
equalizer that are found most useful, the performance that 
may be obtained from a few simple types, and a chart method 
of computing their insertion loss and the effects of dissipa- 
tion on their performance. 

One of the simplest forms of equalizer consists of a series 
impedance or shunt impedance operating between specified 
terminations, as shown in Fig. 1. 

If we define an effective series termination, Ro = Rs + 
Rp, the expression for the insertion loss of the equalizer 
(Fig. la) is given by 

Z; 
Loss indb = 20 login | 1+— 
| Ro 


or = 20 logio 
where Z; = 1/). 


If the shunt type of equalizer (Fig. 1b) is chosen instead 
of the series equalizer, and if we define the effective shunt 
termination as Rg = RsRp/(Rs + Rp), the expression for 
the insertion loss is 


Loss in db = 20 Iogio 


Comparison of eqs. 1 and 2 shows that the series and shunt 
equalizers will have identical losses if 


Z;/Ro = Ro/Zz 


(3) 
Z,Z2 = Re 


In other words, series and shunt equalizers which have 


Zz, Z2= Ro? 


Fic. 2 


the same loss are inverse networks with respect to the re- 
sistance Ry. If the impedance Z; is physically realizable 
it is always possible to construct its reciprocal impedance 
Z>, so that the relation Z,Z. — R,? is satisfied. As a corol- 
lary it follows that whatever characteristics are obtainable 
from a series equalizer are likewise obtainable from its 
inverse shunt equalizer, ard vice versa. 

Series and shunt equalizers must be properly terminated 
at both ends if the design losses are to be obtained. Because 
of this, it is very important that terminating impedances be 
correct. Also, it may be seen that several such equalizers 
in tandem will not, in general, have a total loss which is the 
sum of the losses of the individual equalizers. This difficulty 
of securing the proper tandem performance can be alleviated 
by separating the equalizer sections with vacuum tubes or 
high loss pads. Since in most cases these are not desirable 
expedients, constant-resistance structures are used instead. 

A constant-resistance structure is one which has a resistive 
image impedance independent of frequency. It has the 
property of furnishing a definite insertion loss whenever it is 
terminated at one end in its image impedance, Ro, no matter 
what the other termination may be. 
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Constant-resistance structures of equal image impedance 
may also be connected in tandem with their insertion losses 
adding directly, as long as one termination is equal to Ro. 
This property of direct addition of losses is of great ad- 
vantage in practical usage, especially where difficult charac- 
teristics must be precisely equalized. 

The bridged-T section shown in Fig. 2 is one such con- 
stant-resistance structure. This is the most commonly used 
structure, since it requires the fewest number of elements. 

When it is terminated in Ry at one end, it has an insertion 
loss given by the expression 


21 


i. pe 
Ro 


| 
Loss in db = 20 logio | (4) 


A comparison of eqs. 1, 2, and 4, applying to the losses 
of the series, shunt, and bridged-T equalizers, respectively, 
shows that each has the same form and that identical loss 
characteristics are obtained when 


Z1/Ro = Ro/Z2 


It is therefore evident, since the same characteristics may 
be obtained from the three types of equalizers, that the 
constant-resistance property has been obtained at the ex- 
pense of approximately doubling the number of elements. 

The form of the loss equations also shows us that the 
equalizer design problem has been reduced to that of securing 


LOG ¢ 


Fig. 3 


LOG ¢ 
(a) 


LOG # 
(e) 


LOG ¢ 
(f) 


a two-terminal impedance exhibiting prescribed character- 
istics. Further simplification in the equalizer design problem 
may be achieved by designing on a 1-ohm basis and later 
transforming to the operating impedance level. It seems 
appropriate at this time to examine in detail the typical loss 
shapes that are obtainable with reasonably simple im- 
pedances. 

Let us consider the constant-resistance bridged-T section 
shown in Fig. 2 and examine the type of insertion loss 
characteristics that may be obtained for the two-terminal 
impedances in the Z, branch, as shown in Fig. 3. 

The reactance of an ideal inductor (Fig. 3a). When 2; 
is a positive reactance, the loss is zero at zero frequency and 
increases with frequency, becoming infinite at infinite fre- 
quency. 

The reactance of an ideal capacitor (Fig. 3b). When Z; 
is a negative reactance, the loss is infinite at zero frequency 
and decreases with increasing frequency, becoming zero at 
infinite frequency. 

An ideal inductor in parallel with a resistor (Fig. 3c). 
When 7; is a positive reactance in parallel with a resistance, 
the loss is zero at zero frequency and is equal to the loss of 
the resistance at infinite frequency. Thus the loss may vary 
from zero to any desired maximum value. 

An ideal capacitor in parallel with a resistor (Fig. 3d). 
When Z, is a negative reactance in parallel with a resistance, 
the loss is equal to the loss of the resistance at zero frequency 
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and zero at infinite frequency. Thus the loss may vary from 
any desired maximum value to zero with increasing fre- 
quency. 

A shunt-resonant circuit in parallel with a resistance 
(Fig. 3e). When Z; is a shunt-resonant circuit in parallel 
with a resistance, the loss is zero at zero frequency, increases 
to a maximum value (set by the resistance) at the resonance, 
and then drops back to zero at infinite frequency. Thus the 
loss may vary from zero to some desired maximum value 
and back to zero. 

A series-resonant circuit in parallel with a resistance 
(Fig. 3f). When Z; is a series-resonant circuit in parallel 
with a resistance, the loss is equal to the loss of the re- 
sistance at zero frequency and infinite frequency and is zero 
at the series resonance. Thus the loss may vary from any 
desired maximum value to zero and then back to the maxi- 
mum value. 


These insertion loss characteristics are plotted against 
log f as shown in Fig. 3. A designer of equalizers should be 
thoroughly familiar with these curves, since practically any 
complicated insertion loss characteristic which is physically 
realizable may be broken down into the sum of simple 
characteristics obtainable with equalizers having one or 
another of these characteristics. 


In order to obtain a better grasp of the variations in the 
loss characteristic of an equalizer with changes in the para- 
meters of the series impedance Z;, let us examine one which 
has a Z,; impedance consisting of a positive reactance 
shunted by a resistance, as in Fig. 3c. First, keep the shunt 
resistance constant and change the inductance. This will 
give the family of curves shown in Fig. 4. Next, keep the 
inductance constant and change the resistance. This will 
give the family of curves shown in Fig. 5. An important 
point to note is that the slope of the curve is controlled by 
the resistance value, and the choice of inductance merely 
fixes the position of the curve in the frequency spectrum. 
That is, changing the inductance merely shifts the curve to 
the right or left along the frequency axis. The equalizer 
which has a capacitor shunted by a resistance (Fig. 3d) 
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will have loss characteristics which are the mirror images of 
these characteristics. 

The next example will be the equalizer which has a series- 
resonant circuit shunted by a resistance (Fig. 3f). First, 
keep the L/C ratio constant and vary the shunt resistance. 
This will produce the family of curves shown in Fig. 6. 
Then, keep the shunt resistance constant and vary the L/C 
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ratio. This will give the family of curves shown in Fig. 7. 
Both curves are symmetrical on a log scale. The shapes are 
determined by the shunt resistance and the ratio of the 
inductance to the capacitance; that is, the larger the ratio, 
the sharper the discrimination. The equalizer which has a 
parallel-resonant circuit shunted by a resistance will have 
loss characteristics which are the inverted image of these 
characteristics. 

The trial and error method is used in practically 90% of 
all equalizer designs. It consists in assuming a physical 
configuration for Z,; and choosing the constants in the im- 
pedance expression to match the desired characteristics at 
certain frequencies. The Z, impedance in practically all 
equalizers consists of one or more reactive elements shunted 
by a resistance. This can be analyzed more readily as an 
admittance Y, which is the reciprocal of the impedance, as 
1/Z,. The loss equation then becomes 

1 | | I 
i+— | =20leg, | 1+— 1 
¥Y, | G, + 5B, | 


Loss in db = 20 logy. (5) 
if Ro is taken as unity. G, and B, for various cases are 
shown in Fig. 3. 

To aid in the computation of an equalizer characteristic, 
a series of charts has been published in Bell Telephone 
System Monograph B1643. These have been reproduced 
for reference. In these charts the loss and phase character- 
istics of an equalizer section are plotted directly in decibels 
and degrees as functions of the admittance of a two-terminal 
impedance which is the G, and B, of eq. 5. 

To illustrate the use of these charts in the design of an 
equalizer, let us assume a structure as shown in Fig. 6, 
where the Z, impedance consists of a series-resonant circuit 
in parallel with a resistance. The insertion loss of this sec- 
tion is 


oe 
Loss in db = 20 logy 1 + — 
Ro 
when Zi — ‘Y, and Ro = 1 ohm. 
1 
Loss in db = 20 logy 1+— | 
ma 
1 oC 
where Y = — + j——_____., 
Rt! T— (w/e? 


The term wo is the resonant frequency of the inductor and 
capacitor. As illustrated in Fig. 3f, the loss of this equalizer 
is asymptotic to 20 logy, | 1 + R, | as » approaches zero or 
infinity. At » = » the loss is zero and the entire charac- 
teristic is symmetrical about this frequency. Given a fixed 
asymptotic loss and resonant frequency, the sharpness of 
the resulting curve depends upon the capacitance of the 
circuit. 
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In designing an equalizer which has a loss characteris*ic 
of this type, the first step is to choose the conductance G to 
get the required asymptotic loss, and then to choose the 
resonant frequency or zero loss point. With G known, the 
B required to match the loss curve at some frequency may be 
determined from the charts. Then, with the B and fre- 
quency known, it is possible to determine the capacitance so 
that the B at other frequencies can be found. 

Assume an asymptotic loss of 6 db; #) = 1 rad/sec; and 
a loss of 2.45 db at 0.75 rad/sec. . 

From the chart on ESL-770757: For the asymptotic loss, 
B = 0; whence, for 6 db loss with B = 0, we have G = 1. 
For a loss of 2.45 db with G = 1, we have B = 1.72. 

Compute C, knowing that B = 1.72 for » = 0.75 rad/sec, 
with wo = 1 rad/sec. 


ns B [1 — | @/o 9/7 | 


© 


c 
ee | 


With C known, the B at other frequencies may be com- 
puted. The loss at the other frequencies may then be deter- 
mined from the charts. 

The table below summarizes the behavior of this equalizer. 
The insertion phase shift may also be obtained from the 
same charts if it is required. 


c—1 
w G B Chart Loss, db 
0.1 1 +0.111 ESL-770757 5.99 
0.25 1 +0.267 ESL-770757 5.80 
0.50 1 +0.667 ESL-770757 4.88 
0.75 1 +1.72 ESL-770757 2.45 
0.90 1 +4.75 ESL-770755 0.50 
1.0 1 oa) ESL-770755 0 
1.11 1 —4.75 ESL-770755 0.50 
1.33 1 —1.72 ESL-770757 2.45 
2 1 —0.667 ESL-770757 4.88 
4 1 —0.267 ESL-770757 5.89 
10 1 —0.111 ESL-770757 5.99 


A plot of the above insertion loss characteristic is shown 
in Fig. 6 for R = 1. 

From the charts, a loss characteristic has been obtained 
for the selected two-terminal impedance when it is operated 
in a l-ohm circuit. To obtain the element values at the 
operating impedance, the inductances and resistances should 
be multiplied by the operating impedance and the capaci- 
tances should be divided by it. 

In order to change the operating frequency range of any 
of the characteristics shown in Figs. 4, 5, 6, or 7 by a given 
multiplying factor, divide the inductances and capacitances 
by the factor and leave the resistances unchanged. This cor- 
responds to shifting the characteristic sidewise on the log- 
frequency axis without altering the shape of the curve. 

After obtaining the two-terminal impedance which pro- 
duces the required characteristic, one must then decide 


= 


FP. R. 


whether or not to construct the equalizer as a simple series 
or shunt type or as a constant-resistance structure. This 
decision will depend upon the consistency of the terminating 
impedances or upon the need of maintaining the constant- 
resistance property of the operating circuit. If the simple 
type of equalizer is chosen, then, according to the inverse 
relationship given in eq. 3, the series or shunt equalizer 
which affords the more practical element values may be used. 

Up to this point only ideal elements without dissipation 
have been considered. Actually all inductors and capacitors 
have dissipation which tends to reduce the range of an ideal 
equalizer by rounding off the peaks and filling in the valleys. 

The effect of dissipation on the shape of an ideal design 
may be explained by referring to Fig. 3. Dissipation which 
is equivalent to series resistance in the reactive elements 
will introduce some attenuation at frequencies where the 
ideal equalizer has low insertion loss and will have negligible 
effect at other frequencies. Thus series dissipation in the 
inductor introduces lf attenuation in cases (a), (c), and (e), 
whereas series dissipation in the capacitor introduces hf 
attenuation in cases (b), (d), and (e). Series dissipation 
in either reactor introduces attenuation at the no-loss fre- 
quency in case (f). Dissipation which is equivalent to 
shunt resistance reduces the attenuation at frequencies where 
it is ideally very high. Thus shunt dissipation converts case 
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(a) to case (c), converts case (b) to case (d), and alters 
the value of the shunt resistor in cases (c), (d), and (e). 
Shunt dissipation in the inductor of case (f) reduces the 
hf attenuation, and shunt dissipation in the capacitor reduces 
the If attenuation. In practice, one usually finds that the 
capacitors have very little dissipation and it is necessary 
to consider only the dissipation of the inductor. To include 
the effect of dissipation in the design it may be necessary to 
change the shunt resistance or conductance of the Z, branch 
and, perhaps, to change the susceptance B in an extreme case 
in order to restore the slope to the desired value. 


The equalizer charts reproduced here can be used for cal- 
culating the loss of dissipative structures since they are of 
general applicability. 


In cases where the dissipation in the elements is large, or 
where very precise equalization is required, it is possible to 
combine the constant-resistance equalizer with a resistance 
pad to get a new equalizer section which has the loss charac- 
teristic of the original ideal equalizer section plus the flat 
loss of a pad. 


Any constant-resistance section may be combined with a 
resistance pad to obtain a section which has the transmission 
characteristics of the original section plus the flat loss of 
the pad. 
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If for the original section 
Loss in db = 20 logio | 1 + 2, | 
and for the pad 
Loss in db = 20 logio | 1 + R, | 


then, 


Thus the Z; impedance of the combined section is a re- 
sistor R, in series with an impedance equal to Z,(1 + R,), 
as shown in Fig. 8a. When the Z, impedance consists of a 
resistance R, shunted across a reactance, the combined im- 
pedance RP, + Z, (1 + R,) may be transformed to an 
equivatent network, as shown in Fig. 8b. 

Tae combination of a constant-resistance equalizer with 
a resistance pad is used also to change the impedance level 
of the Z, and Z. impedances so that better practical element 
values are obtained for a structure at the expense of in- 
creasing the flat loss. 

Fron: the loss characteristic obtained from various equal- 
izer sections, it can be seen that the equalizer will thus have 
a definite minimum loss in the frequency band of interest. 
This minimum loss, or flat loss as it is called, is of extreme 
importance in permitting flexibility in the equalizer design. 
Although it is difficult to predict in advance the magnitude 
of the flat loss that will be needed in meeting a given charac- 
teristic, it can, in general, be said that the required flat loss 
will increase as the precision of the equalization is increased. 

As stated above, any realizable characteristic can -be 
matched by several simple sections in tandem. However, the 
use of more complicated sections often requires a smaller 
total number of elements and less flat loss. The design effort 
and physical realization of these more complicated sections 
increases tremendously. 

In addition, it can be said that equalizer shapes that rip- 
ple, that have sharp-breaking corners, and that approximate 
constant slope are particularly hard to obtain. These char- 
acteristics in general can be met only by the use of complex 
sections, several sections in tandem, large flat loss, or by the 
use of all three. 
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APPENDIX: EQUALIZER CHARTS 


Loss and Phase of Series, Shunt, and Bridged-T 
Equalizers in Decibels and Degrees 


The following series of charts has been found useful over 
a period of years in the design of attenuation equalizers. 
A number of common equalizer configurations, three of 


Series admittance: R, — Rs + Rp 


o— 


—_"* 


Constant-resistance bridged-T: R,¥,; = Z./Ro 


Fie. 9 


which are shown in Fig. 9, have loss and phase characteristics 
which may be determined from the expression 


a+j8 1 
o'r =i GauiB 5B 
where a = insertion loss in nepers. 
8 = insertion phase in radians. 
In the charts, the loss and phase are plotted directly in deci- 
bels and degrees as functions of G and B. The sign of the 
phase is to be taken opposite to the sign of B. 
The loss and phase curves comprise two sets of orthogonal 
circles defined by the relations 


1 2 e 3 
(e-zLJ+e-(5) 
e*—1 e* —1 
1 2 1 2 1 2 
(c+>)+@+)-G) 
2 2 tan B 2 sin 8 


Perhaps the most important application of the charts is 
in the case where the series equalizer arm consists of a re- 
sistance in parallel with a pure reactance. In such a design, 


and 


i —“C:sSCSC‘COCts 
Rs 
Ra 
— ~) 
Combined loss in db = 20 logig | 1 + Rp, + Z: + R,Z; | : : 
ee 
Rs 
eS 
— 1 1 1 
Shunt impedance: S thaah + z. 
| 
; Rs N 
i 2 
| | 
| ee 
————_ 4 ee 


F. R. 


G is a constant fixed by the maximum equalizer loss. The 1 
reactance required to meet a specified loss-frequency char- fr =1+—— ik =1+ (Ra + jX2)/R 
acteristic can then be read directly from the charts. The : scabies 
equalizer design problem is thereby reduced to a problem in These expressions are of the general form 
the design of pure reactance networks. e**® =1+1/(G+ jB) 
The insertion loss and “pita are given by and the loss and phase in decibels and degrees can be read 
oP nt ae 1 from the charts as a function of G and B. The sign of the 
+t HE, + (G; + jBi)Ro phase is opposite to the sign of B. 
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Network Transformations 
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In the process of electric network analysis, it is sometimes convenient to transfer a given net- 
work to another network such that the transformed network has exactly the same frequency 
response as the original. The new network, however, may have a form which lends itself to more 
convenient analysis or, if physically realizable, may yield a more convenient practical circuit. 
Following an outline of a method of transforming networks, a table of network equivalents and 


several practical illustrations are given. 


rh THE process of analyzing electric circuits, it is some- 

times convenient to transform a given network to another 
network which is identical in performance. Usually the 
new network is more convenient to analyze or in some cases 
more convenient to construct physically. A few instances 
when these network transformations are of great utility are: 

1. In replacing two or more real inductances by mutual 
inductances. 


2. In obtaining an impedance transformation without a 
transformer. 

3. In simplifying computation or algebraic manipulation. 

4. In obtaining a circuit which is physically more con- 
venient than the original circuit. 

The general process of network transformation can most 
easily be illustrated by a specific example. 

Consider the transformation of a T network into its 
equivalent + network. 
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The x network with applied voltages V; and V2 and the 
corresponding Kirchhoff mesh equations are shown in Fig. 1. 
If the unknown quantity /;, which is internal to the x net- 
work, is eliminated by straightforward algebraic methods, the 
resulting two equations describing the z network behavior 
are those shown in Fig. 2. The figure also illustrates a T 
network to which the same voltages have been applied and 
which draws the same currents /, and J» as the + network. 

It is evident that the performance of either network is 
completely defined by the coefficients of 7, and Js. Since 
identical performance is required by the two networks, the 
coefficients in eqs. 1’ and 2’ must equal the corresponding 
coefficients in eqs. 4 and 5. From these relations, Z, and Z2 
can be expressed in terms of the impedances in the T net- 
work. These relations, and the equivalent z network, are 
shown in Fig. 3. 

In general, any arbitrary network can be converted to a 
simple z, T, or lattice by first writing all the independent 
node or mesh equations of the network and then eliminating 
the unknown voltages or currents existing inside the network 
so that the network performance is expressed in terms of the 
input (or output) nodes or meshes. The equivalent x, T, or 
lattice impedances can then be solved as illustrated above 
by forming identities between corresponding coefficients. 

The transformed network in some cases cannot be physi- 
cally realized; i.e., no combinations of R, L, and C exist 
which will yield the transformed impedance or admittance 
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functions. This fact, however, only implies that the given 
network cannot be built in the transformed form, even 
though the original network can actually be constructed. 
The physically impossible transformed network, however, 
can still be used for purposes of computation or analytical 
study. 

A table of common network transformations is shown in 
Fig. 4. These transformations are correct for all frequencies 
and are restricted only in the sense of physical realizability. 
That is, given the same terminal voltages, the transformed 
networks have the same terminal currents as the original 
network. 

It should be pointed out that, when any network is con- 
verted into an equivalent lattice, the lattice is always physi- 
cally realizable if the original network was a physical net- 
work. This truth follows from a network theorem which 
states that, if a network is physically realizable at all, it is 
realizable as a lattice. 

One utility of network transformation is illustrated by the 
following example. Suppose that the frequency response 
of the pentode amplifier shown in Fig. 5 is required. Obvi- 
ously, the simplest method would be to write two simul- 
taneous equations about the nodes (1) and (2) and solve 
these for the output voltage in terms of the applied voltage 
é,. Because of the presence of the transformer, these nodal 
equations cannot be written until the transformer is replaced 
by an equivalent circuit which is ‘ree of mutual inductance. 
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By the application of the principles of network transforma- 
tion as outlined above, the transformer can be replaced by an 
equivalent x network. The choice of a x network was made 
so that the new circuit has no more than the original two 
nodes. This is shown in Fig. 6. The transformation is ob- 
tained by writing the Kirchhoff mesh equations for the trans- 
former and for the z network consisting of L,, L,, and L,. 
After reducing the three mesh equations of the z network to 
two, so that the two equations are written about the + input 
and output meshes, the values of L,, L,, and L, are found in 
terms of L,, Le, and Lie by equating corresponding coeffi- 
cients in the two sets of equations. Sometimes L, or Ly 
turns out to be a negative inductance, which means that the + 
network cannot be built. If, however, an external induct- 
ance such as L; or L, of Fig. 5 is present, the positive ex- 
ternal inductance when combined with the z network’s nega- 
tive inductance may yield a positive inductance. When this 
happens, the complete transformed network can actually be 
constructed and analyzed in a conventional manner by node 
equations. The complete original and transformed networks 
(omitting the tube) are shown in Fig. 7. 

Another interesting and useful problem which can be 
easily solved by network transformations is the alteration of 
a symmetrical bandpass filter to an unsymmetrical one, i.e., 
the design of a bandpass filter which matches a low resist- 
ance to a high resistance. A typical bandpass filter is shown 
in Fig. 8. The problem is to match, for example, 50 ohms 
to 10,000 ohms, in such a way that the frequency response 
of the filter is not altered and no transformers are used. 
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Suppose, to start with, that an “ideal” transformer with 
turns ratio a is placed between C, and L;, and suppose that 
a” = 10,000/50. Considering C2, C3, and the “ideal” trans- 
former only, the equivalent + network is found. 

If the + network is physically realizable, then the filter to 
the left of A-A remains the same and all impedances to the 
right of B—B are multiplied by a*. The equivalent network 
is inserted in place of C2, C3, and the ideal transformer. The 
transformation and the final filter are shown in Figs. 9 and 
10. 

From the z network of Fig. 9, it is possible to estimate 
the maximum turns ratio possible for the particular filter. 
This can be done by noting that for some turns ratio greater 
than 1 the value of C, becomes negative. This obviously 
cannot be realized with a conventional capacitor, and the 
maximum possible turns ratio is the one for which C, = 0. 

The bandpass filter of Fig. 8 can be altered not only to 
match unequal load resistances but also to provide for com- 
plete dc isolation between the input and output. For this 
transformation, it is necessary to replace ZL; and Le by a 
transformer having the proper primary, secondary, and 
mutual inductances. The inductance values of the trans- 
former are found as before by placing an ideal transformer 


* Litt) 


TRANSFORMED FILTER 
Fig. 11 


of turns ratio b between ZL. and Ce and then finding the 
equivalent transformer inductance values. The original and 
the transformed filters are shown in Fig. 11. 

In conclusion, some of the important points covered above 
may be restated for emphasis: 

1. Any arbitrary network having two input and two output 
terminals can be transformed into an equivalent T, x, or 
lattice network so that the response of the new network is 
identical to that of the original network at all frequencies. 

2. When the transformation is to a lattice, the final net- 
work is always physically realizable if the original was a 
physical network. 

3. When the transformation is to a form other than a 
lattice, the final network may not be physically realizable, 
but the values obtained are satisfactory for purposes of 
analysis or computation. 

The transformation process outlined above is based on 
simple algebraic manipulation. Although the process may 
be laborious, it is still frequently useful by virtue of the final 
simplicity or convenience obtained. Network transformation 
by matrix methods is relatively simpler, but such procedure 
is beyond the scope of this paper.' Although the transforma- 
tions treated by this paper are restricted to networks having 
two terminal pairs, in general, any network having terminal 
pairs can be transformed to a “star” or “polygon” type of 
network by procedures similar to those outlined above. The 
conditions for physical validity are complicated, however, 
and the work involved may be quite laborious. 


1 Those having knowledge of elementary matrix algebra should 
consult Communication Networks or The Mathematics of Circuit 
Analysis by Ernest A. Guillemin, published by John Wiley and Sons, 
New York. 
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Analyzing the Long-Playing Pickup Problem 


Tueopore LINDENBERG* 
Pickering and Company, Inc., Oceanside, New York 


A report on magnetic pickup design characteristics covering a study of performance of currently 
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available types. The objective of this study is to establish the basic design characteristics necessary 
to overcome the particular problems encountered in the reproduction of long-playing records. 


Pertinent test data from the report are presented. 


VER SINCE the introduction of electrically cut records 

and transcriptions nearly thirty years ago, there has 
been a continuous struggle to widen the frequency response 
of the disc recording system. Such components as micro- 
phones, amplifiers, cutterheads, pickups, and loudspeakers 
have been steadily improved, not to mention the original 
record materials and electroplating techniques. Also, the 
final pressing materials and methods which have given the 
purchaser a quieter, longer-lived record have been greatly 
improved. Until the advent of the microgroove, or long- 
playing recording, most records were pressed in a material 
known in the trade as shellac, actually a hard, powdered, 
slate-like material using shellac as a binder and surfacer. 
Wear on a shellac record takes the form of granular break- 
down of the groove walls accompanied by an increasingly 
audible surface scratch that everyone recognizes. 

The LP record with its much smaller grooves, and neces- 
sarily lower level of modulation, requires a material having 
a much more homogeneous texture and surface. Vinylite 
in both pure and filled formulation has been used for LP 
pressings, and its flexibility has made it relatively unbreak- 
able compared to shellac. Unfortunately, this elastic 
property is also a source of resonance between the record 
groove (as a spring) and the effective mass of the stylus 
assembly of a pickup. The problems arising from this 
resonance effect and their solution are the subject of this 
paper. 

The phonograph pickup also has been developed from 
the first massive magnetic armature types having a pass 
band of 3 kc or less and a tracking force of half a pound, 
to today’s lightweight designs tracking at a few grams pres- 
sure and capable of response over most of the audible fre- 
quency spectrum. 

In Fig. 1, A is the response curve of a modern magnetic 
pickup taken from a constant-velocity cut V groove 78-rpm 
vinylite frequency record; B is the response curve of an 
identical pickup having a 1-mil LP stylus taken from the 
same record. Note that these response curves cover only 
that portion of the spectrum above 1,000 cps, as the effects 
under consideration lie in the higher audible frequency range. 


* Chief Design Engineer. 
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In order to see what has caused the objectionable reduc- 
tion in frequency range and resonance effect when the 1-mil 
stylus is used on a vinylite record, let us refer to Fig. 2A, 
which shows the theoretically ideal cross section of a stylus 
in a record groove. Actually the vinylite’s resilient nature 
permits the stylus to sink slightly into the groove walls so 
that an area rather than a point of contact on each groove 
wall is established, as shown in Fig. 2B. Of course, as the 
stylus is modulated from side to side with the groove, it is 
effectively thrown deeper into alternate walls of the groove 
in proportion to the direction and degree of lateral accelera- 
tion encountered. We may visualize this stylus tip in a 
kind of spring mounting; the natural resonance between this 
spring and the mass of the pickup stylus assembly will 
account for the rise in response and the slight peak at 14 kc 
shown in curve A, Fig. 1. 

If an identical pickup with a 1-mil stylus tip is used on 
the same record material as in Fig. 2C, the stylus radius of 
curvature is only 0.4 that of the 2'4-mil stylus, and the 
penetration into the record material will be much greater 
for a given acceleration. 
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In other words, we have a “softer” spring suspension and 
a lower natural resonance established, assuming that the 
mass of the stylus assembly is the same. 

This leaves us with what looks like a pretty fine perform- 
ing pickup on 78-rpm records, to be something less than 
ideal on a vinylite LP. 

To solve the problems we can (1) make the records out 
of a harder, stiffer material or (2) reduce the mass of the 
pickup stylus assembly that the record must drive. The 
only reasonable answer to the problem is obvious. 

In Fig. 3 is shown a simplified form of the stylus assembly 
of the pickup used in the tests. The tube in which the stylus 


jewel is set is the armature or movable generating element 
of the pickup, and knowing its material, its dimensions, and 
the materials and dimensions of the other parts making up 
the assembly, we can calculate the mass. ‘ 
Since the frequency of resonance is known (in this case 
about 7,500 cps with a 1-mil tip), as in Fig. 1, curve B, we 
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can calculate a permissible mass which the assembly may not 
exceed if we pick a new and more acceptable frequency of 
resonance, say 15,000 cps. 

After all dimensions were scaled down proportionately in 
order to achieve this calculated permissible mass and by 
refining production methods of assembly, a pickup was 
designed having a stylus assembly similar to that shown in 
Fig. 4. That the design calculations for the new pickup 
quite closely coincide with actual performance is shown by 
the frequency-response curve in Fig. 5, which is plotted 
from the same record used previously. 

It is not within the scope of this paper to discuss all the 
design criteria for pickups of this type. It may be men- 
tioned that, accompanying the advantage of greatly reduced 
mass to be driven by the record, much less mechanical 
damping is required to control resonance. Accordingly, 
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stylus compliance is greater, and the vertical stylus force 
required for tracking is cut nearly in half. 

The small size of the complete pickup cartridge is shown 
in Fig. 6, and an adaptation of two cartridges mounted in 
a turnover receptacle is shown in Fig. 7. 

In conclusion, the author wishes to extend credit to 
Norman C. Pickering for the basic development model and 
to Harold O. Fuchs of the Pickering Engineering Experi- 
mental Shop for some rather exacting miniature laboratory 
work. 
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Binaural Sound Reproduction at Home 


H. T. SHERMAN 
Sherman Studio, New York, New York 


Binaural reproduction of speech and music by AM-FM radio broadcasts, magnetic tape, and 
disc records bring the home listener the greatest feeling of being present yet experienced. This 
next use of audio will be discussed in relation to its general principles, together with equipment 


placement in the studio and in the home. 


Room and studio acoustic problems will be considered 
for the most practical binaural “two-ear” listening. 


INAURAL SOUND reproduction seems to be the next 

logical development in audio to provide the listener with 
the feeling of being present at the program source. This 
feeling is a basic stimulus to the search for better fidelity 
by improving the design and operation of microphones, 
amplifiers, and loudspeakers. In our current monaural 
systems, this search for realism has been reaching the state 
of diminishing returns for some time, and logically so, as 
the monaural system is working against nature. 

In nature when hearing is normal our two ears relay an 
impression of space consciousness to the brain. This natural 
function of our auditory system allows us to judge quite 
accurately the direction of a sound source. If one ear is 
closed off mechanically or by deafness, our sense of direction 
is greatly impaired or completely lost. 

For a better understanding of monaural versus binaural 
listening, experiment frequently by closing one ear with 
your finger and sample music, speech, and other sounds to 
register this natural result firmly in your hearing conception. 
In listening to live music with one ear, not only is the direc- 
tional judgment lost but the tonal quality is impaired. Also, 


the definition in a complex sound, as in a symphony orchestra, 
is less clear. Listening with one ear also interferes with our 
impression of loudness differences, and much information is 
not transferred to the mind. Listening with one ear to a 
full singing voice with piano in an average living room that 
has no special acoustic wall treatment makes the voice 
sound strident and harsh. The quality improves instantly 
when both ears are opened. 

At a lecture in a small auditorium recently, the lecturer 
was quite deaf and was using a standard single hearing aid. 
When a question was asked from the audience, the speaker 
had great difficulty in locating the questioner in the audience. 
He had to rotate his head back and forth in order to orient 
the sound of the voice. 

It is well known that under normal conditions our two 
eyes permit us to see in the third dimension and quickly 
allow us to judge the shape of objects and find their relative 
location in space. If one eye loses its sight, we can no 
longer enjoy this normal function. Stereo cameras use two 
lenses, separated as are our two eyes, which simultaneously 
make two pictures. A dividing light shield prevents the 
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light from the right-hand lens from affecting the image of 
the left-hand lens, and vice versa. When these two pictures 
are mounted to maintain the same image relation and are 
viewed with a lens system separated as the camera lenses 
were, then the sight impression of roundness and solidity is 
easily accomplished. 

In a sound studio if two microphones are placed 6-7 in. 
apart and each microphone is connected through its own 
amplifier and headphone, we have the makings of a binaural 
sound transmission system. The listener’s head serves as 
a sound shield to keep the two signals separated, as the 
light shield did for the eyes. Listening to the headphone 
connected to the left-hand microphone with his left ear 
and to the other with his right ear, the listener hears the 
studio sounds as if his two ears were at the microphone 
location. He is now listening binaurally. Assuming that 
there is no frequency distortion, he will now get a wholesome 
impression of tone direction and loudness. An A-B com- 
parison of monaural versus binaural listening to music with 
the headphones is truly startling, and the experience sug- 
gests that here is great promise of fuller enjoyment of all 
sound reproduction. 

During the last Audio Fair many people heard the thrilling 
effect of voice via binaural sound reproduction. The equip- 
ment used for making the recording consisted of two Electro- 
Voice microphones, type 650, and a Magnecord binaural 


recorder. The recording was reproduced through the binaural 
Magnecord and two 8-in. Wharfdale speakers mounted in 


8-in. R-J speaker enclosures. Roy Neusch, of Harvey 
Radio, kindly arranged for the use of this equipment. 

The magnetic tape development with the audio recording 
of two tracks, one on either edge of the tape, has stimulated 
the revival of interest in binaural sound reproduction. At 
the Audio Fair in 1951 the Magnecord binaural demonstra- 
tions raised our sights to a new horizon in musical reproduc- 
tion. This unit with headphones gave us excellent impres- 
sions of space consciousness, direction of sound origin, and 
distortion-free loudness differences. These all add up to 
the feeling of being present at the program source. 

In 1952, other binaural tape recorders were introduced, 
and a pre-recorded binaural flat disk entered the field. The 
Emory Cook binaural flat disk offers a low-cost method of 
binaural sound reproduction at home. A special tone arm 
with two playback heads is required, plus an extra amplifier 
and loudspeaker. A library of recordings is being made with 
pressings available for about four dollars each. 

The other major possibility of binaural reproduction in 
the home is by radio broadcasting of live shows and pre- 
recorded binaural programs. Two noninterfering channels 
of radio transmission seem to offer the best means im- 
mediately available. Single-carrier multiplexing has been 
offered as an alternate. 

To a great majority of audio fans and engineers, the 


binaural sound reproduction idea is comparatively new, but 
actually it is almost as old as radio broadcasting itself. 
About thirty years ago, when radio telephony was very 
young, Professor F. M. Doolittle, of Yale University, real- 
ized the natural advantages of binaural broadcasting. He 
carried on research and experiments at New Haven, Con- 
necticut, and became the owner of several United States 
patents on binaural broadcasting. He is recognized as the 
founder of binaural broadcasting. 

In an article in the Electrical World, dated April 25, 1925, 
Mr. Doolittle gave valuable information and rather complete 
details about a radio station he operated at New Haven 
under a government license, using call letters WPAJ. This 
station excited one antenna from two amplitude-modulated 
transmitters, one tuned to 227 meters modulated by one 
microphone and the other tuned to 268 meters modulated 
by the other microphone. It is well known that in those 
days double-button carbon microphones were used. Most 
radio receivers used magnetic-driven diaphragms and horn- 
coupled or paper cones for loudspeakers. With the dis- 
tortions inherent in such equipment, an exact reproduction 
of the original sound was not feasible. Mr. Doolittle proved 
in practice that there was a vast improvement in the repro- 
duction when his system of two microphones, two trans- 
mitters, and two receivers was used. He demonstrated that 
the impression of space consciousness was added to the 
impression of tone plus the impression of difference in loud- 
ness. This was particularly true when headphones were 
used, one for each receiver. It is interesting to note that 
the acoustics of the studio allowed a reverberation time 
normal to two-ear listening, and the musicians were free from 
the depressing influence of heavy sound absorption. This 
was contrary to the monaural requirements. This early 
period of binaural broadcasting was shortened by crowding 
of the broadcast AM band with so many stations that a 
10-ke bandwidth to a single transmitter was made necessary. 

Development of binaural sound reproduction made little 
progress until 1930 and 1931, when Bell Laboratories pre- 
sented a most impressive demonstration of what they called 
stereophonic sound. They used a three-channel system with 
three microphones, three amplifiers, and three loudspeakers. 
This system was first demonstrated to the Acoustical Society 
of America during a convention at Constitution Hall in 
Washington, D. C. The Philadelphia Symphony Orchestra 
under Leopold Stokowski played in the Philadelphia Sym- 
phony Hall. The three microphones modulated three rf 
transmitters and used a coaxial cable as a closed circuit to 
Washington. Three rf receivers demodulated these signals 
to feed three 50-w audio amplifiers and three loudspeakers. 
This system had a frequency range of 50-15,000 cps. Its 
power output was capable of delivering a greater acoustic 
power level than the orchestra could produce in its own 
auditorium. Those who were fortunate enough to hear this 
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carefully executed performance could only wish for more. 
But the single monaural channel via radio and records has 
continued to set the pattern. 

A number of methods have been developed for sending 
two or more audio circuits on one carrier with means for the 
single-carrier receiver to reproduce the two or three audio 
circuits. So far none of these systems has found its way 
into practical service. At present, we have in the United 
States several hundred broadcasting stations which feed in 
parallel from a single microphone pickup both an AM and 
an FM transmitter. This service delivers to the listener a 
monaural sound reproduction from either an AM or an FM 
receiver. 

The FM service gives a wide audio range free of noise 
for the maximum of high fidelity in a monaural system. An 
audio range up to 15,000 cps is quite practical when pro- 
gram circuits from studio to transmitter permit. Packaged 
FM receivers rarely cover this range, but thousands of 
lovers of good music have assembled tuners, amplifiers, 
and loudspeakers reproducing up to 15,000 cps and better. 

In recent months, there have been several experimental 
binaural broadcasts in various metropolitan areas of the 
United States where the AM station was fed by one micro- 
phone and the FM station was fed by a second microphone, 
thus producing two noninterfering radio signals for binaural 
reception by the two receivers. This method does not im- 
pair the reception of any receiver tuned to either the AM 


or FM station only, but it does provide the means of giving 
a better program service with the same transmitter power. 
On a local level the conversion in the radio station is con- 
fined to the studio. Two microphones are used in pairs and 


joined by a dual fader after preamplification. Using head- 
phones in the control room for monitoring program balance 
seems to be the surest way to judge the binaural character 
of the pickup. Most control rooms are too small and un- 
favorably shaped to permit using loudspeakers in judging 
optimum microphone placement for the best binaural trans- 
mission. The use of earphones makes possible a more com- 
plete concentration for the control operation and the pro- 
gram producer, and it may help in producing still better 
results. To be sure, new tricks and techniques will be worked 
out in each studio for a happy balance to give the best 
binaural transmission without impairing the program quality 
for those using a single AM or FM monaural receiving 
system. In a broadcast over WQXR this was shown not to be 
a serious problem. The WQXR String Quartet broadcast 
on Sunday, October 12, 1952, monaurally and binaurally 
for one hour without announcement to the radio audience. 
To those few listening to this broadcast binaurally with the 
AM receiver on the left-hand end of the room and the FM 
receiver on the right-hand end, there was a beautiful full 
tone with clear definition and distortion-free loudness 
changes. The third movement of each quartet was trans- 
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mitted monaurally by bridging the two microphones. No 
one listening to either channel alone could detect any change 
in quality as these changes were made. 

The proof of directional judgment was tested on a group 
listening to two table-model receivers with the AM set 
placed on the right and the FM set on the left. The cellist 
jumped from right to left, as did the first violin. This two- 
ear binaural pickup separated the instruments and voices, 
making it possible to concentrate on the solo quality of 
any instrument in the orchestra. This is often’ done in the 
presence of live music production, and it can now be done 
by binaural sound reproduction. 

Binaural listening also permits the mind to respond to 
loudness changes, including the full normal decay of each 
sound. The farther down the decaying sound pattern that 
we can hear before the masking effect of other sound inter- 
feres, the more complete is our listening enjoyment. It has 
been proved that in a monaural listening system much of 
the lower level sounds have been masked out, cutting down 
our listening contrast, not unlike compression of the gray 
scale in photographic reproduction. 

Binaural radio broadcasting will bring all these benefits, 
permitting each listener to decide for himself whether he 
wants to pay to have this third-dimensional sound reception 
in his own home. It would appear that a large public is 
ready to pay for this privilege. 

Radio executives have said that binaural sound reproduc- 
tion is the biggest single new element which can restore 
radio to the position it has held as the great medium of 
entertainment and advertising for so many people. 

This new use of audio and radio may have a large effect 
on our national economy, for it will stimulate the exchange 
of dollars in several ways. In audio alone, it involves the 
purchase of additional amplifiers, loudspeakers, headphones, 
phono-pickups, loudspeaker enclosures, and components for 
accessories. Tape recorders of the binaural type should 
find a large market with the high-fidelity fans who want to 
“roll their own” as binaural broadcasts begin to appear. 
The enjoyment of binaural home recording holds the greatest 
thrill yet, since the acoustics of most homes are quite satis- 
factory for binaural recordings. On the air binaural broad- 
casts must use live performers or material recorded binaural- 
ly. This means employment for musicians, actors, an- 
nouncers, entertainers, and allied services now marking 
time because of the competition of radio, television, stage, 
screen, and phonograph recordings. 

The network level of binaural broadcasting is more com- 
plicated because of increased telephone costs for the second 
audio channel. In a recent issue of Audio Engineering 
magazine there appeared an excellent article on stereophonic 
reproduction by Moyer of England. He points out that 
binaural program quality with a top frequency of 3,750 
cps may be favorably compared to a monaural quality of 
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15,000 cps. He also quotes J. P. Maxfield as saying that 
auditory tests in this country have shown that 6,000 cps 
binaural is equal to 15,000 cps monaural. These are im- 
portant facts when one considers the limitations in the 
majority of AM receivers and FM packaged receivers now 
in use. 

As AM-FM binaural broadcasting becomes widespread, 
there will be an increase in sales of FM receivers. This 
will go far to build the value of the FM transmitter service 
and eventually will allow it to produce more income. 

Another great advantage of binaural reproduction is found 
in the acoustic power output from the two speakers. For 
a small input power to two speakers binaurally, there is a 
considerable improvement in the undistorted output power. 
Moving the speakers in from the corners of the room and 
rotating either one or both slightly towards the side wall 
on either side of the room will help balance by bouncing 
both signals from the side wall for a greatly improved 
binaural reception. 

Loudspeaker listening to binaural reproduction is not as 


startling as headphone reception, as the sounds from one 
speaker are partly mixed with those from the other. Al- 
though the overall effect is not as marked binaurally, when 
the two speakers are adjusted properly with balanced vol- 
ume they give better tone color, distortion-free definition, 
and a true dynamic loudness range. To maintain the direc- 
tion of sound origin to a high degree, the matter of phasing 
the two loudspeakers to give a maximum of power efficiency 
and low frequency response is said to be closely related to 
the placement of the microphones at the program source. 

For the purpose of demonstration at the Audio Fair, some 
short piano phrases were recorded at Station WQXR through 
the cooperation of James Kovak, station manager. While 
these phrases were being reproduced, the connection to one 
loudspeaker was reversed during each 30-sec repeat. The 


first phrase used a 10-in. spacing between microphones, 
electro-voice 650’s; the second phrase, a 6-ft spacing; and 
the third phrase, a 12-ft spacing. This was followed by a 
l-min announcement by Norman Brokenshire with speaker- 
phase reversal and another 1 min of piano at 12-ft spacing. 
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Testing and Adjusting Speaker Installations with the Sound-Survey Meter 


W. R. THurston- 
General Radio Company, Cambridge, Massachusetts 


Sound-level measurements in rooms containing speaker systems provide interesting and impor- 
tant data not obtainable from electrical measurements or listening tests alone. This paper discusses 
techniques of obtaining relatively smooth and reproducible frequency-response curves under typical 


home room conditions, using a new ultra-miniature sound-level meter. 


Curves thus taken will 


be presented for an adjustable bass reflex unit with and without absorbent material. 


— OBJECT of this paper is to describe techniques of 

making acoustic frequency-response measurements on 
speaker systems in the rooms where they are to be used. 
These techniques are illustrated by results of measurements 
on several typical speakers, and the effects of certain vari- 
ables are demonstrated. 

Frequency response is, of course, only one of several 
factors important to good sound reproduction. Nevertheless, 
there is no substitute for good frequency response, and it is 
important in evaluating a reproduction system to have 
accurate frequency-response data. Listening tests by trained 
listeners can be very useful in evaluating the overall quality 
of a speaker system and can to a small extent evaluate indi- 
vidual factors, including frequency response, but listening 
tests give very rough data only, and results are subject to 
differences of opinion, often strong. Wholly electrical meas- 
urements, using the speaker voice-coil voltage developed 
by a constant current as a measure of impedance magnitude, 
are sometimes helpful, but they are difficult for most people 
to interpret and only give part of the desired information. 
For example, the characteristics of the typical listening room 
have no appreciable effect on voice-coil impedance, yet they 
do have an important influence on response. The only way 
to obtain accurate quantitative data on overall acoustic fre- 
quency response is to measure sound-pressure level directly 
by means of a sound-level meter or its equivalent. 

Factors affecting overall response are acoustic power out- 
put, total room losses (absorption and transmission to out- 
side), speaker system directivity, and room reflections pro- 
ducing standing-wave patterns. The average sound-intensity 
level in the room is primarily determined by the first two 
factors, and the sound distribution, or the manner in which 
sound-pressure level varies from point to point within the 
room, is primarily determined by the second two factors. To 
illustrate the foregoing statements, the listening room can 
be thought of as being a reservoir for acoustic energy. This 
reservoir is being supplied with acoustic energy by the 
speaker, and the rate of supply is, of course, equal to the 
acoustic power output of the speaker. If the room walls, 
floor, and ceiling did not allow any energy to be transmitted 
through them to the outside and if they were, in addition, 


lossless and did not absorb any of the acoustic energy by 
converting it to heat through friction, then the reservoir 
would have no leakage, and the energy level would build up 
without any limit. Such a lossless room is, of course, im- 
possible to achieve and is also undesirable. All rooms allow 
some degree of transmission to the outside and some degree 
of absorption. The total rate of energy loss through trans- 
mission and absorption is proportional to the energy level 
within the room, to the total area of the room surfaces, and 
to the transmission and absorption coefficients, respectively, 
of these surfaces. It can be seen that with a given speaker 
power output the acoustic-energy level in the room builds up 
until the rate of energy loss equals the rate of energy supply, 
at which point the energy level is stabilized. With this 
picture in mind it is easy to see why a given amount of 
speaker power will produce a higher sound level in a “live” 
room (low losses) than in a “dead” room (high losses). 
Also, since total losses for a given type of wall material go 
up as total surface area increases, it is clear why a given 
amount of speaker power will set up a higher sound level in a 
small room than in a large room of the same type. 

To continue the reservoir analogy, the directivity char- 
acteristics of the speaker determine the manner in which the 
“stream” of acoustic energy enters the reservoir, and stand- 
ing-wave patterns are set up by multiple wall reflections 
of this energy stream, which is a pulsating stream. 

The above description is clearly greatly simplified. Pos- 
sible interacting effects, such as the influence of the standing- 
wave pattern on the acoustic impedance presented by the 
room to the speaker and the consequent effect on acoustic 
power output, are omitted. However, the simplified picture 
is helpful in explaining observed effects during measurements. 

For example, the standing-wave pattern is a rapidly vary- 
ing function of frequency, and if sound-pressure level is 
measured at a fixed point in the room as frequency is 
changed, it is well known that the response curve so obtained 
will be very irregular, even in regions of frequency where 
the system response is supposed to be flat. The irregulari- 
ties are so large that they often completely obscure signifi- 
cant characteristics of the system response curve, such as a 
“notch” produced by an improperly adjusted crossover net- 
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work. After experiencing this type of result, an experi- 
menter is apt to look for permission to use a nearby anechoic 
chamber, thus effectively eliminating standing waves, but he 
will find that this approach has its difficulties. The effects of 
speaker directivity become important, for one example. A 
response curve taken with the sound-level meter at a fixed 
point in an anechoic chamber will generally show large 
irregularities, particularly at high frequencies, that are due 
to combinations of in-phase and out-of-phase waves from 
different parts of the speaker assembly, on which mechanical 
standing waves can exist. In the case of a bass reflex 
speaker, waves from the port opening can cancel waves from 
the speaker opening at low frequencies. These irregulari- 
ties, which show up in an anechoic chamber, do not have 
the same significance in a normal listening room with re- 
flecting walls, because multiple reflections from the walls 
help greatly in distributing the sound energy and thus par- 
tially compensate for directivity effects.1 Therefore, in 
order to obtain a representative result for an overall response 
measurement in an anechoic chamber, it is necessary to 
average out these directivity effects by making measurements 
at a number of points, equidistant but at different angles 
from the speaker, and to average the results. If the speaker 
to be measured is of the corner-horn type, in which the walls 
of the listening room provide the final part of the horn, 
there is the problem of simulating room conditions properly 
in the anechoic chamber. Presumably this can be done by 
erecting two walls and the floor of hard, reflecting material 
in one corner of the chamber, but it can be seen that having 
an anechoic chamber available does not necessarily simplify 
the measurement problem. If anything, it is an invitation 
to spend a lot more time preparing for and making measure- 
ments, although certainly more information can be obtained 
in the long run. 


Returning our attention to response measurements made 
in normal rooms, and with reference to the irregularities 
caused by the shifting of standing-wave patterns and speaker 
directivity, it is desirable to eliminate these irregularities 


from the measurement. Thus one can obtain results in the 
form of a relatively smooth curve that represents correctly 
the average sound level as a function of frequency and that 
illustrates the combined effects of speaker acoustic power 
output and total room losses. Such a result represents the 
performance of the speaker system and room as a whole. 
It has been found that the effects of standing waves and 
speaker directivity in normal rooms can largely be eliminated 
from response curves if at each frequency sound-level read- 
ings are taken at several points distributed within the room 
and the average of these readings is used for plotting the 


1H. F. Hopkins and N. R. Stryker, A Proposed Loudness-Efficiency 
Rating for Loudspeakers and the Determination of System Power 
Requirements for Enclosures, Proc. Inst. Radio Engrs., 36, 315-335 
(1938). 


Fic. 1. Sound-survey meter. 


curve. The exact number of points and their exact location 
are not at all critical, a number of points between five and 
ten being satisfactory. The larger number will give some- 
what smoother response curves and better reproducibility 
of data. In all the following measurements ten points were 
used, since a small adding machine was available, and the 
average could be obtained by moving the decimal point in 
the total. Another simple method of averaging if, say, five 
points were used would be to plot the totals on one scale 
and then to label the resulting curve with a scale related to 
the first by a factor of 5. Curves taken by this method are 
fairly smooth and are reproducible to a highly satisfactory, 
almost surprising degree. 


MEASURING EQUIPMENT 


The instrument used to measure sound levels in the meas- 
urements reported below is called a sound-survey meter 
because its small size (6” * 34%” & 2%”) and light weight 
(17% lb) are particularly welcome in sound-survey work.” 

Figure 1 shows the instrument held as it would be held 


.in actual use, with the thumb in position to adjust the 


“level” attenuator so as to obtain an on-scale meter reading 
for the sound being measured. The readings are in decibels 
referred to 0.0002 pbar, the standard reference level for 
sound-level meters. The only other control, on the left side, 
turns the instrument on and off, selects the frequency char- 
acteristic desired, and permits the condition of the plate 
and filament batteries to be checked by means of the panel 
meter. The microphone is flush-mounted in the small side 
of the case at the upper left corner of the photograph. The 


2 Arnold Peterson, The Sound-Survey Meter, General Radio Experi- 
menter, XXVI, 11, (April, 1952). 
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Fig. 3 


sound-survey meter can be set on a table or mounted on a 
standard tripod for measurements at a single point; but for 
taking readings successively at several points in a room in 
order to determine average sound level, it is convenient to 
hand-hold the instrument. 

Figure 2 is a plot of the sound-survey meter frequency 
response. The response curves labeled A and B approxi- 
mately correspond to the response of the ear to pure tones 
at levels of 40 db and 70 db, respectively; the curve labeled 
C corresponds to the ear response at 100 db and is the re- 
sponse that was used for these measurements. All the 
speaker response curves to be presented have been corrected 
below 100 cycles in accordance with the C curve. As noted 
above, ten points were used to determine average sound 
level; and the If response correction was incorporated by 
adding ten times the correction to the ten level readings 
before taking the total. 

In order to check the performance of the sound-survey 
meter, a number of measurements were made with a standard 
sound-level meter,* which is a more accurate, stable, and 
versatile instrument but which costs nearly three times more 
than the sound-survey meter. The agreement between re- 
sults of measurements was very close. In order to establish 
that harmonic distortion at very low frequencies was not 
high enough to cause errors in sound-level readings, a narrow- 
band sound analyzer was used. 

The speaker under test was driven, as shown in Fig. 3, 
by an audio oscillator having less than 0.25% distortion. A 
toroidal output transformer provided a favorable match 
between the 8-ohm voice coil and the 600-ohm oscillator. 
The voice-coil voltage was measured directly by means of 


3E. E. Gross, Type 1551-A Sound-Level Meter, General Radio 
Experimenter, XXV1, 10 (March, 1952). 
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a vacuum-tube voltmeter and was held constant at 0.6 
for all measurements. This level was high enough to over- 
ride most background noises without being uncomfortably 
high. Generally, in checking a reproducing system, the 
input voltage applied to the system amplifier would be held 
constant; but this paper is concerned primarily with the 
loudspeaker and the room in which it is located. Actually, 
a good, modern amplifier would maintain constant voltage 
on the speaker voice coil because of the very low output 
impedance obtained using feedback. 


RESULTS OF MEASUREMENTS 

Figure 4 illustrates the nature of acoustic response curves 
obtained when the sound-survey meter is in a fixed location 
in a typical living room. The speaker was a large bass 
reflex speaker. Frequency was varied slowly while voice- 
coil voltage was held constant, and maximum and minimum 
readings of the sound-survey meter were noted. No at- 
tempt was made to determine the shape of the curve at 
intermediate points, because this is very difficult to do with- 
out a continuous recorder. As described previously, the 
rapid shift of room standing-wave patterns with respect to 
frequency caused large irregularities in the response curve. 
Above 300 cycles both the rapidity and the violence of the 
irregularities increased so fast that it was impractical to 
continue the curve without a recorder, even plotting only 
the maxima and minima. The behavior between 200 and 30u 
cycles is but a mild forerunner of the higher-frequency be- 
havior. 

One method for getting smoother curves is to make meas- 
urements outdoors, which is the closest approximation to an 
anechoic chamber that most of us can obtain. Figure 5 is an 
example of the result obtained in a typical suburban back 
yard with the large bass reflex speaker again. The curve is 
smooth enough so that up to 2,400 cycles it was possible 
to plot every little irregularity, but above 2,400 cycles thé 
irregularities became rapidly worse, and only maxima and 
minima were plotted. This technique produces smooth 
curves at low frequencies, but not at high frequencies. How- 
ever, to the extent that it is useful in eliminating effects of 
standing waves, it has the same disadvantages as the an- 
echoic chamber; namely, speaker directivity characteristics 
have too much effect, and the characteristics of the listening 
room are not included in the results. In this curve, for ex- 
ample, there is a hump at 35 cycles that is considerably 
smaller than later measurements show. This may result 
from the fact that the sound-survey meter was placed di- 
rectly in front of the speaker at a distance of only 6 in. 
and, therefore, was not in a position to respond properly 
to the If radiation from the bass reflex port 15 in. below. 
Measurements taken so close to the speaker are also subject 
to hf proximity effects that are not representative of listening 
conditions. However, the background noise level outdoors, 
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in the New Jersey suburbs at least, is fairly high, owing to 
frequent airplanes, power lawnmowers, and delivery trucks; 
and there is a limit to how loud the test tones can be made 
without overloading the speaker at low frequencies and, 
incidentally, without annoying one’s neighbors. It was for 
these reasons that the measurements of Fig. 5 were made 
with the sound-survey meter so undesirably close to the 
speaker, and these reasons are felt to be a major and im- 
portant disadvantage of outdoor measurements. Also, there 
is no easy way to make outdoor measurements on a corner- 
horn type of speaker. 

The measurements reported in this paper were of neces- 
sity made on speakers that were available on loan to the 
author. The large bass reflex speaker cabinet already men- 
tioned had an adjustable partition between the main volume 
and the port volume, as shown in Fig. 6. The “throat” 
opening between the two volumes could be adjusted by 
removing the back of the cabinet and loosening the three 
wing nuts that held the sliding part of the partition in place. 
The interior of the cabinet was lined with about an inch 
of absorbing material. The speaker was a General Electric 
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response, indoors. 


1201D, a 12-in. speaker with a resonant frequency of about 
70 cycles. 

Most of the curves to be presented were taken in the 
author’s living-room, the nature of which is shown by Fig. 7. 
An average amount of furniture, draperies, and rugs were 
present, and the speakers were located as shown. Three 
windows are indicated, and a few tests were made with 
these first open, then shut; but no significant difference was 
found. At each frequency sound-level readings were taken 
at the ten locations indicated by the crosses. 


The solid response curve of Fig. 8 was obtained by the 
averaging method for the bass reflex speaker with the throat 
opening set arbitrarily at 4 in. Each point of this curve is 
the simple average of ten readings taken around the room, 
and these points have been joined by straight lines. Below 
400 cycles the points are very closely spaced so that no 
significant features have been skipped, but the spacing is 
greater above 400 cycles, and irregularities have undoubtedly 
been missed. The primary interest in these measurements, 
however, was at lower frequencies. Note that this curve 
is relatively smooth compared to the curve previously shown 
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Fig. 5. One-point response, outdoors; bass reflex, 6-in. throat. 


for indoor response with the sound-survey meter at a fixed —_===2-—— windows 
location. It is evident that this procedure is effective in 
obtaining the average level in the room at each frequency axa) | 
in spite of the presence of standing waves. The result is only 

what one would expect, of course; but it is always reassuring 
to see an expected result confirmed by experiment. As previ- 
ously explained, this average curve is determined primarily 
by speaker acoustic power output and total room-loss char- 
acteristics as functions of frequency. The various peaks aa 
and valleys that are greater than 1 or 2 db indicate char- stint 


ae 


Fig. 7. Measurement room. 
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acteristics either of the speaker or of the room, because 


a anit reproducibility of data is that good, as is demonstrated below. 
Several curves, to be shown below, were taken with the 


throat of the large bass reflex cabinet set at different openings 
pape ranging from 1 to 6 in. It was intended thus to determine 
- ‘ ‘ oe 

7] Partition = experimentally the optimum setting giving the best lf re- 

| sponse. Also, one curve was taken with the entire partition 

FIXED removed, including the fixed part as well as the sliding part. 
— ADJUSTABLE * os. 8 * . 

THROAT Since it is difficult to compare two curves of this type unless 

Fic. 6. Large bass reflex cabinet. they are plotted together, the solid curve of Fig. 8, with a 
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= 4-in. opening. was selected as a reference curve; and each of 
these other curves is plotted in the later figures together with 
this reference curve. During the experimental work for this 
paper, and after these other curves were taken, including the 
one with the entire partition removed, the partition was 
screwed back into place, the throat opening reset to 4 in., 
and a second run, supposedly duplicating the solid curve of 
Fig. 8, was made to test reproducibility. The plotted circles 
in Fig. 8 show the results. Reproducibility is very close from 
25 to 85 cycles, and from 160 cycles up; but between 85 
and 160 cycles, the curve is undeniably different. This 
difference is believed to have resulted from the removal and 
replacement of the partition. First, the partition was fas- 
tened to the inside of the cabinet only at its two short sides, 
there being no screws along the long front edge. It is be- 
lieved that as originally assembled the front edge was 
pressed tightly against the inside of the cabinet and held 
there by the side screws; but in replacing this partition the 
author, working with the absorbent material already stapled 
in place inside the cabinet, was not able to achieve a good 
fit. Therefore, after replacement, the front edge of the 
partition was free, whereas originally it was restrained. 
Second, in support of the foregoing theory, it is shown in 
Fig. 9 that the curve taken with the partition completely 
removed follows the second-run curve between 85 and 160 
cycles too closely to be a coincidence. Third, there are 
four facts to confirm that the speaker and cabinet character- 
istics had actually changed. 


1. The first- and second-run curves of Fig. 8 agree very 
well below 85 cycles and above 160 cycles. 


2. All the many measurements reported in this paper 
strongly support a reproducibility figure of 1 or 2 db; yet 
the difference in this case is 7 db. 


3. The impedance curve obtained by electrical meas:re- 
ments alone, and also shown in Fig. 8, is substantially dif- 
ferent for the two runs, the resonant peak at 25 cycles b-ing 
25% higher in one case, and the behavior being completely 
different between 30 and 50 cycles. 


4. It is known that the room in which the measurements 
were made was in the same condition for both runs, with 
the possible exception of one large chair. However, moving 
this chair around had no effect, nor did opening or closing 
three windows. 


Continuing our consideration of Fig. 8, all subsequent 
measurements merely confirmed the stability of the second- 
run curve. For example, note the spread of the seven repeat 
points taken at 100 cycles. Five out of the seven are within 
1 db of the average and the other two are within 2 db. At 
30, 60, 100, and 400 cycles, fifty sound-level readings were 
taken evenly distributed throughout the room; and the very 
good agreement with the second-run points shows that there 


is little to be gained by taking more than ten readings at 
each frequency. 

Figure 8 also shows the results of check measurements 
using a standard, high-accuracy sound-level meter together 
with a sound analyzer for isolating fundamental tones from 
harmonics. The close agreement between these measure- 
ments shows that harmonics are not “contributing” to the 
measured If response. All the foregoing checks promote 
confidence both in the technique of measurement and in the 
sound-survey meter used. 

Some speakers produce distortion with strong harmonics 
that can result in measured bass response that is too high. 
In the absence of a sound analyzer, one can generally detect 
this condition by ear, because of the ear’s greater sensitivity 
to the harmonics. As an example, the first speaker used for 
these measurements seemed to change the character of its 
tone below 70 cycles, developing what might be described 
as a slight rattle. Measurements with the sound analyzer 
showed that the second and third harmonics of frequencies 
around 30 to 50 cycles were larger than the fundamental; 
so a second speaker, of the same make and type, was tried 
and found to be very satisfactory, with harmonics only about 
6% of the fundamental below 50 cycles and becoming com- 
pletely negligible rapidly for higher frequencies. The first 
speaker was obviously defective, and the second speaker was 
used for the bass reflex measurements. It is seen to be im- 
portant when making response measurements at very low 
frequencies to keep one’s ears on the alert for harmonics. 

The impedance curves were der*.°d in the usual manner 
by driving the voice coil through a high resistance (300 ohms 
in this case) from a constant voltage (9 v) and plotting 
against frequency the voltage measured across the voice coil 
by a vacuum-tube voltmeter, afterwards labeling the plot 
appropriately in the terms of impedance in ohms. The first- 
and second-run impedance curves of Fig. 8 have already 
been mentioned. A third curve is also plotted and is labeled 
“back of cabinet high.” The back of the cabinet was about 
‘ie in. less in height than the recess into which it fitted, 
and on its inside surface were mounted two blocks apparently 
intended to press down on the partition when in place. 
Therefore, it was possible to screw the back on in two ways, 
either resting on the bottom of the recess (the easy way) 
or pressed against the top of the recess. The impedance 
curve was taken under the latter condition during the process 
of determining the cause of the difference between the first- 
and second-run response curves, and it is seen to be some- 
what similar to the first-run curve, with two added small 
peaks. one at 52 cycles and one at 85 cycles, but the response 
at 100 cycles fell on the second-run response curve. 

Having established the technique and validity of measure- 
ment, we shall next describe the previously mentioned re- 
sults of varying the throat opening in this particular cabinet- 
speaker combination. Since any differences will be at low 
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frequencies, measurements were taken only up to 400 cycles. 
In all these curves the reference condition (throat opening 
set at 4 in.) is represented by the solid curve. 

Figure 9 was taken with the partition completely removed. 
Other than the valley between 85 and 160 cycles referred to 
previously, the major differences between this condition and 
the reference condition are that the reference is less smooth 
below 70 cycles and is about 5 db higher. The impedance 
curve, by contrast, shows a drastic difference. It appears 
difficult, if at all possible, to predict response characteristics 
from impedance-magnitude curves alone. In this case, with 
a major peak at 50 cycles instead of 70 cycles, the response 
below 50 cycles was poorer. The difficulty of interpreting 
impedance-magnitude curves is that the acoustic power out- 
put for a given voice-coil voltage depends not only on imped- 
ance magnitude but also on the resistance (real part of im- 
pedance) and on the efficiency of conversion from electric 
to acoustic energy. All these quantities vary with frequency. 
Furthermore, the resistance and efficiency are both difficult, 
if not impractical, to measure without more diversified 
equipment. 

Proceeding toward smaller throat openings, we next con- 
sider a 6-in. opening, with the results shown in Fig. 10. The 
only deviation from the reference curve is slight and occurs 
between 60 and 70 cycles. The two curves follow each 
other very closely otherwise. 

Results for a throat opening of 3 in. are shown in Fig. 11. 
Nearly every detail of one curve can be seen in the other. 

Figure 12 corresponds to a throat opening of 2 in. The 
curves are still nearly identical. The impedance curve was 

_ not taken because of an oversight, but it would not be ex- 
pected to show any marked difference from the reference 
shown. 


Figure 13 was taken with a 1-in. throat opening. The 
curves are again very close, except for the rise above 300 
cycles. The peak in the impedance curve at 45 cycles is 
in this case definitely lower than the reference, whereas it 
is progressively higher for larger throat openings. 


Figure 14 is a comparison between the indoor response 
curve obtained with the sound-survey meter in a fixed loca- 
tion and the reference curve. The average of the rapid 
variations appears to follow the reference fairly well, except 
for the regions around 30 cycles and 230 cycles. One might 
well ask why it is necessary to go to the trouble of averaging 
with respect to position in the room at each frequency if 
one can get the same result by averaging with respect to fre- 
quency at a single position in the room. The answer is, in 
the first place, that the variations are so fast and large at 
a single point that a recorder is needed to do a reasonable 
job, and, in the second place, that important characteristics 
(peaks or valleys) of the speaker or room would be indis- 
tinguishable from the peaks and valleys caused by standing 
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waves. Also, the variations due to standing waves are so 
large that it is difficult to draw a good average curve. 

Figure 15 compares the outdoor response curve obtained 
with the sound-survey meter in a fixed location, very close J 
to the speaker, and the reference curve. The differences can 
be ascribed to room absorption characteristics and directivity 
and proximity effects. The de-emphasis of the peak near 30 
cycles has been mentioned previously. 

In summary of the measurements on the large bass reflex 
speaker, it is apparent that the speaker and cabinet are 
not matched, because the adjustment provided had no sig- 
nificant effect on response. However, the curves do indicate 
the small effects that can be obtained with this combination 
and help to show the very satisfactory reproducibility ob- 
tainable in acoustic measurements by the averaging method 
described. 


MEASUREMENTS ON A SMALLER BASS REFLEX 
CABINET 

As mentioned before, the object of making measurements 
on an adjustable bass reflex cabinet in the first place was to 
show that the sound-survey meter could be used to determine 
the optimum adjustment, avoiding either a too-rapid cutoff 
or an excessively high peak at low frequencies. We have 
seen, instead, that the adjustment had no effect and have 
concluded from this that the 12-in. speaker used is not suited 
to the cabinet, the latter being too large (8.5 ft*). There- 
fore, a smaller bass reflex cabinet (5.8 ft*) was obtained 
with the idea that it might better match the characteristics 
of the available speaker. This cabinet also had a sliding 
partition, by means of which the throat opening could be 
varied. The results of measurements made with the throat 
fully open and also fully closed are shown in Fig. 16. The 
two curves are practically identical, except for a couple of 
points well below cutoff. Once again it appears that speaker 
and cabinet are not matched, although the cabinet is causing 
a peak at 70 cycles and a dip at 90 cycles. These features 
do not appear in the response of the large bass reflex cabinet 
using the same speaker. The cabinet has also shifted the 
main resonant peak of the impedance curve from 70 cycles 
(in the large cabinet) to 80 cycles. 

Bass reflex cabinets are frequently described as being 
suitable for “any speaker up to 12 in.” or “any speaker up to 
15 in.” The foregoing results indicate that such statements 
are open to question. Most bass reflex cabinets are not 
readily adjustable, yet the measurements on two that are 
adjustable, using a very common 12-in. speaker, show that 
even the adjustment provided cannot make the cabinet match 
the speaker. A bass reflex system involves the relationship 
of several resonances with respect to each other, and it is 
difficult to understand how “any speaker” up to a certain 
specified size can be expected to match a given cabinet, ad- 
justable or not. The bass reflex principle has been shown 
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by others to be capable of extraordinary performance when 
carefully and properly designed, but experience in this work 
has since shown that the characteristics of speakers used in 
such systems are very critical and that “any speaker” ob- 
tained from “any manufacturer” out of “any production 
run” cannot be expected to give proper results automatically 
without individual testing. 


MEASUREMENTS ON A SIMPLE, CLOSED CABINET 

Figure 17 is a sketch of a 6-ft® cabinet. A 1201D 
speaker was used here also, but not the same one that was 
used in the bass reflex cabinets. Some dislike the bass reflex 
speaker cabinet on the grounds that it is a resonant device 
and therefore may have poor transient response, although 
it is probable that much of the blame heaped on the bass 
reflex principle is due to listener experience with cabinets 
and speakers that are not suited for each other. One alterna- 
tive is the large horn type, but a simpler type is a closed 
box filled with absorbing material to damp interior reson- 
ances. Figure 18 shows the difference in response of the 
cabinet of Fig. 17 with and without the absorbing material. 
The material greatly broadens and reduces the resonant 


Small bass reflex. 


TOTAL VOLUME = 6 CuBIC FEET 
Fic. 17. Simple, closed cabinet. 


peak of the impedance curve, eliminates the little impedance 
peak at 230 cycles, and lowers the response by about 4 db 
between 65 and 150 cycles, but otherwise has very little 
effect. The hf portion of the curve is less regular than in 
the case of the bass reflex cabinet, but more points were 
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aken for the closed cabinet, and it is quite possible that 
more points taken for the bass reflex cabinet would show 
similar irregularities. Except for the portions of the curves 
differing because of the absorbing material, the agreement 
is excellent. 

The third curve illustrates the characteristic obtained in 
a different room, one with very little furnishings, no draperies 
or rug, and all doors and windows closed. A large variation 
of room characteristic with respect to frequency is evident. 
In this extreme case, in which room absorption is very low, it 
is conceivable that the driving-point impedance of the room, 
as seen by the speaker, could vary appreciably with fre- 
quency as the standing-wave pattern changed. This effect 
might help to explain the large variations noted. 


MEASUREMENTS ON A TYPICAL HOME 
RADIO-PLAYER CONSOLE 

As a matter of interest, measurements were made on the 
radio-player console (“family radio”) in the author’s living- 
room. The speaker is an 8-in. type, and the cabinet is open 
at the rear and bottom. The player uses a General Electric 
“variable-reluctance” pickup and a home-built preamplifier 
and equalizing network. Measurements were made with 
a constant voltage applied to the preamplifier input terminals 
in place of the pickup. Figure 19 shows the results. It is 
clear why record scratch has never been objectionable on 
this player. The rise below 300 cycles is caused by the 


equalizing network and is intended to compensate for the 
recording characteristic of records. 

The dip at 90 cycles was checked by repeating points at 
90, 100, 140, and 200 cycles with three windows open, but 
the results duplicated the original readings very closely 
indeed, thus proving that the dip is a speaker-and-cabinet 
characteristic. 


Since it was easy to do, an additional check was then 
made using a constant-tone frequency test record, previ- 
ously calibrated independently, with the results shown by 
the crosses. Agreement is excellent, except for the 50-cycle 
point. At 50 cycles, however, the tone sounded very rough, 
and a check with the sound analyzer showed harmonics much 
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higher than the fundamental, which would explain the high 
reading at 50 cycles. The agreement otherwise indicates 
that the frequency response of the pickup is flat up to at 
least 5 ke. 


MEASUREMENTS ON LARGE CORNER-HORN 
SPEAKER SYSTEM 


Response measurements on this system showed up two 
facts that had been suspected by the owner as a result of 
many hours of listening. First, the efficiency of the If horn 
was about 5 db greater than that of the hf speaker, with the 
obvious result that there was a “step” downward in the 
response curve at the crossover frequency. Second, the 
crossover network was too high in frequency, and the output 
from the If horn started to drop before the crossover point, 
resulting in a dip in the response curve just below the cross- 
over frequency. Both of these defects, their nature and 
magnitude precisely defined by the sound-survey meter, can 
be corrected. The curve itself is not shown, because the 
data were unavailable. 


CONCLUSION 


The method of measuring acoustic response using the 
average of several sound-level readings made at different 
points within a room has been found to give satisfactorily 
smooth and highly reproducible response curves. The sound- 
survey meter is useful for making these response measure- 
ments. Bass reflex systems can be adjusted for best overall 
results, and the suitability of a particular speaker for use in a 
particular cabinet can be determined. The optimum amount 
of absorbing material required, within the speaker housing, 
can be determined. Defects in room absorption character- 
istics can be detected and the effects of corrective measures 
checked. Other uses include setting correct relative levels 
in multiple-speaker systems, including stereophonic systems 
and the checking of crossover networks, determination of 
speaker placement for best coverage, and setting the initial 
reference level in systems using a tone-compensated volume 
control. 
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Concert-Hall Realism through the Use of Dynamic Level Control 


Joun Nicro, Madison Radio and Sound, Madison, New Jersey 
AND 
Jerry B. Mixter,* Measurements Corporation, Boonton, New Jersey 


An improved effect of realism can be obtained from disc reproduction through the use of a 
special dynamic control amplifier stage which is capable of increasing the dynamic range and 
reducing the inherent record-hiss noise level. This special stage employs a pentode operated with 
positive bias on the suppressor and negative bias on the screen. A demonstration followed presenta- 


tion of the paper. 


ber BASIC DESIRE for a new amplifier design arose 

primarily as a result of the disappointment experienced 
when listening to music reproduced through conventional 
amplifiers. This reproduction seems always to introduce 
effects which interfere with the pleasure derived from actual 
attendance at a performance in the concert hall. Consider- 
able imagination is required to obtain much pleasure from 
conventional methods of reproducing records. It should be 
the role of the amplifier to provide concert-hall atmosphere 
and thus leave the listener free to concentrate on understand- 
ing the music itself. 

The effects obtainable from this new amplifier design are 
accomplished primarily through the use of a vacuum tube 
operated in an unusual manner. The stage employing this 
tube is labeled the dynamic control stage in Fig. i. With 
the aid of this control stage, signals above a pre-selected 
level can be amplified or expanded, and signals below this 
level can be altered with respect to their original ratios so 
as to produce a reduction in the background noise level. 
The amount of these effects is adjustable. 

The fundamental improvements which can be made by 
proper adjustment of the appropriate controls are: a decrease 
in the residual noise level and a change in its character to 
one which is less objectionable; restoration of all or part of 
the original dynamic range; and introduction of some auto- 
matic loudness compensation (sometimes called Fletcher- 
Munson compensation) with the aid of the loudness control 
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Fic. 1. Block diagram of new amplifier design. 
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stage. In addition, there are some other more subtle effects, 
such as accentuation of solo instruments or voices above the 
background accompaniment, and slight reduction of low- 
level intermodulation effects. 

The most essential factor of this new amplifier is the 
ability to cope automatically with limitations imposed by 
the disc recording and reproducing process. The conven- 
tional amplifier is unable to achieve such effects because of 
its linear transfer characteristic and fixed frequency charac- 
teristic. This new amplifier also can improve many of the 
present radio programs which have been monitored too 
closely as to dynamic range. 

Of course, the amplifier described herein is dependent 
upon all other links in the chain—the performance must 
certainly be worthy of a hearing, and no claim is made of 
improving upon the original talent. Likewise, the associated 
recording must have a reasonable noise level and wide- 
range frequency response. Obviously, the speaker system 
to be used in conjunction with such an amplifier constitutes 
an essential link. Needless to say, this amplifier cannot 
correct the effects of distortion due to poor tracking of the 
pickup, needle wear, and worn-out records. 

In combination with good associated equipment this new 
amplifier can add much to the enjoyment of most good 
records—perhaps we should say that it adds that elusive 
property called musical quality which is missing from so 
many conventional reproducing systems. 

From the block diagram, Fig. 1, the amplifier is seen to 
consist of: the preamplifier; the dynamic control stage, with 
controls for the maximum and minimum output level de- 
sired; the loudness control stage which provides so-called 
Fletcher-Munson compensation automatically; the power 
output stage; a diode for dynamic control voltage: delay 
bias; and the power supply. 


The dynamic control stage is shown together with its: 


associated circuitry in Fig. 2.1. A variable-mu pentode, 
6SK7, is used as the amplifier tube, which is fed with signal 
from the gain-control potentiometer, R1. The cathode of 


1 John Nigro, U. S. patent 2,490,457. 
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Fig. 2. Dynamic control stage and associated circuitry. 


the 6SK7 is biased in the conventional manner, but the con- 
trol grid must be returned to ground through a reasonably 
low resistance potentiometer, since some grid current is 
drawn. The screen grid is biased with an adjustable 
negative voltage with respect to ground. It is also fed with 
a separate source of positive voltage which varies with the 
signal level out of the amplifier. The net bias voltage of the 
screen which results from the addition of these two voltages 
varies from approximately —2 to +5 v. The suppressor 
grid is biased with an adjustable positive voltage from 50 
to 150 v. The piate circuit employs the usual load resistor 
and decoupling network. The diode has a small adjustable 
delay bias applied through the 500-ohm secondary of the 
output transformer. 

The 6SK7 operates in very unconventional fashion. Its 
mode of operation is similar to that employed originally by 
van der Pol** and Brunetti. The transfer characteristic 
between plate and control grid can be manipulated onto the 
kinked portion of the curve to produce the nonlinear transfer 
characteristic to be shown later. The amount of the kink can 
be varied by adjustment of the delay bias across rheostat 15 
and the minimum control R2. The slope of the large signal 
portion of the curve can be controlled by the maximum 
control R3. O.S. Puckle* shows some curves approaching 
this type of operation as applied to trigger circuits in his 
second edition of Time Bases. 

An interpretation of the behavior of the dynamic control 
stage may be stated as follows: with the initial bias of —2 v 
applied to the screen grid and a positive voltage of 50 v on 


2B. van der Pol, On Relaxation Oscillations, Phil. Mag., 2, 978 
(1926). 

3B. van der Pol, The Non-Linear Theory of Electric Oscillations, 
Proc. Inst. Radio Engrs., 22, 1051 (1934). 

4C. Brunetti, The Clarification of Average Negative Resistance 
with Extensions of Its Use, Proc. Inst. Radio Engrs., 25, 1595 (1937). 

5 C. Brunetti, The Transitron Oscillator, Proc. Inst. Radio Engrs., 
27, 88 (1939). 

6 C. Brunetti, Theory and Application of Resistance Tuning, Proc. 
Inst. Radio Engrs., 29, 333, (1941). 

70. S. Puckle, Time Bases, 2nd ed., p. 66, John Wiley and Sons, 
New York, 1950. 
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the suppressor, the 6SK7 operates in the cutoff region, and 
only a few microamperes of plate current flows to the plate. 
The space charge around the control grid is passed to ground 
through the relatively low-value input gain control. In- 
creasing the value of R2 (minimum control) increases the 
voltage applied to the suppressor grid, which offsets some of 
the initial negative bias on the screen grid. Plate current 
will increase and signal will appear across the plate load 
resistor, 17a. This output is amplified and appears across 
the output diode, 38. As long as this signal remains less 
than the delay bias, the initial bias on the screen will remain 
unchanged. Below this threshold, the plate current in the 
6SK7 is due to the voltage applied to the suppressor by R2, 
the minimum control. When the signal increases above 
the delay threshold, part of the output will be rectified by 
the diode and applied to offset the initial bias applied to 
the screen by R15. The maximum control, R3, determines 
how much of this rectified output will be applied to the 
screen. As the screen becomes less negative and starts into 
the positive region, the gain of the 6SK7 increases rapidly. 
Essentially the suppressor functions to determine the low- 
level signal amplification, while the screen adjusts the high- 
level signal amplitude. The resultant plate current may 
vary from a few microamperes to a maximum of 8 ma in its 
dynamic excursion. 

Figure 3 shows the complete schematic diagram. The 
preamplifier tube, V1, for low-impedance magnetic pickup 
is conventional except for the extra hf boost, which will be 
explained in the discussion of the loudness compensation. 
V2 is the dynamic control stage mentioned previously. V3 
is an isolation stage. V4 is the loudness control stage and 
phase inverter. V5 and V6 are the power output tubes. V7 
is the diode previously mentioned. The delay bias for diode, 
V7, is adjustable by R45, the bias control. 

Figure 4 shows the frequency response of the loudness 
control stage taken by itself. The three curves illustrate 
a few of the many settings possible. 

Figure 5 illustrates the effect of the dynamic control stage 
on the frequency response initiated by the loudness control 
stage. Curve 1 is for a 5-w output level from the amplifier. 
Curve 2 represents the output for an input level 5 db less. 
Curve 3 is for an input 10 db less. Curve 4 is for an input 
15 db down. 

It must be emphasized that the loudness compensation 
must be introduced after the dynamic control stage in order 
to obtain this action. Since loudness compensation requires 
no treble or bass reduction, the controls are of the boost 
type only and are arranged to approximate the Fletcher- 
Munson curves. 

Several years ago, when the first amplifier incorporating 
this idea was tried, the loudness control stage was not in- 
cluded, but a flat amplifier was used. Critical listening tests 
showed the overall effect to be deficient of high and low 
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Fig. 3. Complete schematic diagram of new amplifier design. 
Capacitors Capacitors Resistors Resistors 
ce 0.05 uf C25 1000 uf R1 15 kohms R26 22 kohms 
c2 50 put C26 0.05 pf -R2 3.3 meg R27 7.5 kohms 
C3 0.05 uf C27 0.05 pf R3 180 kohms R28 500 kohms 
c4 15 af C28 25 wf, 25v R4 200 kohms R29 350 kohms 
C5 15 pf c29 0.1 yf R5 3.3 meg R30 5 kohms 
C6 0.01 uf C30 0.1 pf RG 68 kohms R31 470 kohms 
C7 0.02 uf C31 0.1 uf R7 33 kohms R32 24 kohms . 
cs 50 ppt C32 0.1 pf R8 100 kohms R33 25 kohms, W.W. 
cg 8 uf C33 20 wf, 450 v R9 68 kohms R34 25 kohms 
C10 0.25 uf C34 20 pf, 450 v R10 33 kohms R35 500 kohms, pot. 
ell 0.25 uf C35 20 uf, 450 v Ril 30 kohms R36 47 kohms 
ce12 0.1 uf C36 50) wf, 150 v R12 68 kohms R37 47 kohms 
C13 0.1 uf C37 20) wf, 450 Vv R13 270 kohms R38 250 kohms 
C14 0.02 pf C38 20 uf, 450 Rl4 75 kohms, pot. R39 22 kohms 
C15 8 uf C39 20 suf, 450 v R15 3 kohms R40 270 kohms 
C16 8 uf C40 0.001 pf R16 500 kohms R41 250 ohms, 10 w 
C17 8 uf CH-1: Stancor A3872 Primary R17 50 kohms R42 470 kohms 
C18 0.04 pf Winding R18 100 kohms R43 50 kohms 
c19 8 uf CH-2: 20 Hy., 150 ma R19 500 kohms R44 470 kohms 
€20 0.05 uf CH-3: 20 Hy., 150 ma R20 270 kohms R45 50 ohms, W.W. 
C21 0.008 uf T1: UTC LS-6L1 or equal— R21 100 kohms R46 5 kohms 
C22 20 uf 9,000 ohms P. to P. to R22 50 ~=kohms R47 5 kohms, 10 w 
€25 250 ppt 500 ohms & V.C. R23 470 kohms R48 5 kohms, 10 w 
C24 500 put rs 0-5 v de R24 3.9 kohms R49 7.5 kohms, 10 w 
R25 47 kohms R50 180 kohms 
frequencies. Even after addition of the loudness control records. Additional pre-emphasis was incorporated in the 


stage a deficiency of high frequencies was still apparent. 
This was noticed particularly when the minimum control 
was set to suppress the surface scratch from very noisy 
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© DB CORRESPONDS TO 1.0 WATT OUTPUT 

CURVE | IS FOR POWER AMPLIFIER WITH MINIMUM COMPENSATION SETTINGS. 

CURVE 2 IS FOR POWER AMPLIFIER WITH TYPICAL PLAYBACK COMPENSATION 
(TREBLE SWITCH POSITION 5,MIDDLE CONTROL AT ZERO,BASS AT 8). 

CURVE 3 IS FOR POWER AMPLIFIER WITH TYPICAL PLAYBACK COMPENSATION 
(TREBLE SWITCH POSITION 5,MIDOLE CONTROL AT 1O,BASS AT 8) 


Fig. 4. Response of loudness compensation stage. 


preamplifier to offset this effect. 

In order to secure some data on the transfer characteristic, 
the arrangement shown in Fig. 6 was utilized. Two audio 
oscillators were fed to the amplifier through a mixing net- 
work. The amplitude of one oscillator was set to secure ap- 
proximately 0.1-w output, which was just barely sufficient to 
exceed the delay bias of the diode. The other audio oscillator 
was set at various levels above and below this point to pro- 
duce the curves of Fig. 7. It is apparent that the character- 
istic tends to amplify low-level signals less than moderate 
to higher values. It is this transfer characteristic which is 
responsible for reduction of noise. 

It might seem at first thought that such a nonlinear trans- 
fer characteristic would distort the musical reproduction; 
however, listening tests prove conclusively to the contrary. 
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CURVE | INPUT 1.0 VOLT 

GURVE 2 INPUT 5.0 DB BELOW | VOLT. 
CURVE 3 INPUT 10.0 DB BELOW i VOLT. 
CURVE 4 INPUT 15.0 D8 BELOW | VOLT. 


Fic..5. Effect of dynamic control stage on frequency response, 
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Fic. 6. Test setup for curve of Fig. 7. 
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Fic. 7. Two-signal transfer characteristic. 


Most conventional amplifiers have conditioned us to a limited 
dynamic range lacking in proper sound perspective. The 
musical quality of this new amplifier does not substitute for 
a live orchestra, but it will yield much satisfaction to the 
most critical ear. A comparison with concert-hall music is 
the best criterion for judging this type of amplifier. In lieu 
of such facilities a side-by-side comparison with a well-known 
high-quality amplifier will reveal improved liveness of tone 
and increased emphasis of crescendos which can be extended 
as desired by use of the maximum control. On occasion it 
may be desirable to adjust the maximum to actually increase 
the dynamic range beyond that of the original, in order to 
secure a more realistic spatial sound distribution effect which 
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Fic. 8. Frequency response preamplifier only from low Z source. 


is normally perceived by our binaural faculties. A recent 
article by Southworth’ has mentioned a different circuit 
approach to this goal. In this article a somewhat similar 
transfer characteristic is said to be obtained by means of a 
novel circuit. The Southworth approach does not include 
the other features of the amplifier under discussion in the 
present paper, however. 

It is well known that musical sounds consist of funda- 
mental tones and their simple harmonics. During the record- 
ing and reproducing process some spurious sounds are pro- 
duced as a result of nonlinear characteristics which are 
frequently referred to as intermodulation distortion. If 
these products are not excessive, the dynamic control stage 
will tend to depress their level somewhat and thus enhance 
the clean quality of the reproduced music. 

As previously pointed out, some of the higher harmonics 
of low amplitude will also be reduced by the dynamic con- 
trol stage with respect to the fundamental; therefore, it is 
necessary to overemphasize the high frequencies in the pre- 
amplifier ahead of the dynamic control stage. Figure 8 
shows the frequency response which has been found neces- 
sary to achieve this pre-emphasis. 

The construction layout of the amplifier is straightfor- 
ward. It includes such good design practices as isolation of 
ac power transformers and heater leads to reduce the possi- 
bility of hum troubles, and shielding and straight-line layout 
to reduce coupling between input and output of the amplifier. 
A few suggestions as to the operating procedure may be in 
order, however. 

Advance the gain control a little above midpoint. (As a 
result of grid current, this control may appear noisy.) Set 
minimum control for minimum voltage reading on the sup- 
pressor (approximately 50 v). Set the maximum control 
counterclockwise (variable arm toward negative side of 
potentiometer) and apply a signal, musical or from a signal 
generator, to the amplifier input. Rotate bias control (in- 
creasing bias voltage) until no signal is heard at the loud- 
speaker. (Rush and gain noise subsides.) Now advance 
minimum control to the low level desired. (Note: with a 
very small signal, if this control is advanced further, the 
only contribution will be noise.) Advance maximum con- 
trol for the upper dynamic level desired. (If this control 
is advanced too far, noise will start to appear.) The signal 
now will be contained within these two pre-selected levels. 


8 Glen Southworth, Binaural Compensation in Single Channel 
Reproduction, Radio News, pp. 56-58, May, 1952. 
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With a noisy source of material such as shellac, increase bias 
control further to offset added noise level. 

The gain control may be omitted if it is desired to decrease 
the number of controls, and a 25K 1-w resistor may be sub- 
stituted in its place. It will be noted that the loudness 
control stage provided a midrange or “middle” control. This 
control is useful even though it may appear to vary the 
midrange response only 2 db, as shown in Fig. 4. This 
small change is enhanced by the dynamic control stage, as 
shown in Fig. 5. The midrange control can be omitted for 
sake of simplicity, and a 30-kohm resistor substituted in its 
place. 

For high-level input signals (crystal pickup, FM tuner) 
a connection can be made on the high side of the gain control 
with a high value of series resistance (270 kohms). In 
wiring the loudness control stage, the bass choke should be 
mounted near the 6SN7 tube. The two plate wire leads 
are used (no substitution is advised for this component). 
All other leads should be cut and properly insulated. Many 
other chokes were tried, but the result was a lf boost from 
500 cps to 1 ke, which is too high in the spectrum. Since 
this system has been designed primarily for music reproduc- 
tion, the tone compensation shown in Fig. 5 is considered 
ideal. 
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It may be well to point out the importance of selecting a 
suitable 6SK7 tube for optimum results. Most of the older 
6SK7’s are usable, but many new ones on the market exhibit 
a sharper cutoff characteristic. The National Union glass 
type gives the best result. If a steep rise in gain and noise 
is noted when the minimum control is advanced, try another 
6SK7. 

It may appear that the addition of the minimum and 
maximum controls complicates the use of the amplifier. 
However, after brief practice, the operation of the controls 
becomes a simple matter. For instance, gain and tone con- 
trols are seldom touched; the minimum is the most im- 
portant control. Because of the action of the dynamic con- 
trol stag: tone compensation is accomplished automatically. 

For the past decade, the amplifier discussed above has 
been in operation in the homes of several critical music lovers 
in the New York City area. As improved records, pickups, 
and speakers have become available, they have been incor- 
porated with excellent results. It has not been necessary to 
improve the amplifier! 

It is felt that the information presented in this paper 
should permit the experimenter to construct a duplicate 
without difficulties. The vastly superior reproduction of 
music should prove adequate reward for the effort expended. 


| 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


W. R. Ayres Joun D. Bick 


W. R. Ayres was born in Dallas, Texas, in 
1918. He received a B.S. degree in electrical 
engineering at the University of Kansas in 
1939. Through 1940 he was employed in 
Kansas City by the Siebenthaler Manufac- 
turing Company, a manufacturer of airline 
ground-station transmitting equipment. He 
then joined the staff for radio training of 
army officers and enlisted men at Scott Field, 
Illinois, and later was transferred to a new 
radio school at Sioux Falls, South Dakota, 
where he was chief instructor of the aircraft 
radio division and active in instructor train- 
ing and technical writing. In 1943 Mr. Ayres 
was commissioned in the Naval Reserve for 
duty in connection with magnetic and acous- 
tic mines. Since early 1946 he has done 
circuit development work with RCA Victor, 
first at Indianapolis and now at Camden, 
New Jersey. His work there has included 
numerous combination transformer and cir- 
cuit developments for commercial and gov- 
ernment audio equipment and for industrial 
electronic devices. He is at present engaged 
in the development of a portion of an elec- 
tronic computer. Mr. Ayres is a member 
of the AES and the IRE. He has had two 
patents granted, and nine are pending on 
electrical musical instruments, electronic rail- 
way signaling, noise discrimination, and com- 
puter devices. Mr. Ayres has given several 
lectures on amplifier and transformer de- 
velopment and design. 


Joun D. Bicx was born in Chicago, Illinois. 
He attended the University of Wisconsin for 
two years and completed the course in radio 
engineering at RCA Institutes, Chicago. For 
two years prior to World War II he worked 
as laboratory technician at Shure Brothers. 
While in service he attended a course in elec- 
tronics and microwaves at the University of 
Chicago and attended radar maintenance 
school, after which he worked on bomb 
ballistic measurements at the Air Forces 
Proving Ground at Eglin Field in Florida. 
After leaving the service, he held the 
position of project engineer on electronic 
pianos at the Ansley Radio Corporation in 
Trenton, New Jersey. Mr. Bick then ac- 
cepted a position with RCA Victor in Cam- 
den, New Jersey, where he has worked for 
the past four years as electrical design engi- 
neer on broadcast tape recorders as well as 
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synchronizing signal generators for govern- 
ment projects. 


Frank Rocer Bres Lewis S. Gooprrienp 
Frank Rocer Bries was born in Brooklyn, 
New York. He received a B.S. degree in 
electrical engineering from Cooper Union in 
1930. Since then he has been with the Bell 
Telephone Laboratories, where he has been 
engaged in the development and design of 
transmission networks, including _ electric 
wave filters, crystal filters, and attenuation 
and delay equalizers. Mr. Bies holds one 
patent on wave filters. 


Lewis S. Gooprrienp was born in 1923 in 
New York City. He received an M.E. degree 
from Stevens Institute of Technology in 1947 
and an M.E.E. degree from the Polytechnic 
Institute of Brooklyn. Mr. Goodfriend 
served in the U. S. Marine Corps from 1943 
to 1945. For several years he served as a 
research engineer at Stevens Institute, con- 
ducting experiments on theater acoustics, 
supervising the construction of elements of 
the Stevens sound control system and work- 
ing on the design of magnetic tape recording 
and reproducing systems. He also wrote and 
taught a course on elements of audio engi- 
neering, including room acoustics. He has 
acted as acoustical consultant to various New 
York concerns. Mr. Goodfriend is at present 
chief electrical engineer of the Audio Instru- 
ment Company. He is a Fellow of the AES, a 
member of the Acoustical Society of America 
and the AIP, and an associate member of the 
IRE. In 1949 he was educational adviser 
of the AES. He has presented several papers 
and a series of articles relating to his field 
of work. 
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Gerorce Howarp Happen was born in Toron- 
te, Canada. He received early schooling in 
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Toronto, including some extension courses 
with the University of Toronto. In 1942 
he entered the Royal Canadian Air Force. 
He became a staff radar instructing officer 
and supervised classes of U.S.A.F. exchange 
students in fundamental radio engineering 
theory preparatory to radar equipment train- 
ing. During this time Mr. Hadden took 
further extension courses with the University 
of Western Ontario. After a period spent 
at Air Force Headquarters in Ottawa he re- 
turned to Minshall Organ Ltd., London, 
Ontario, in 1945 and resumed his former 
position as chief negineer. In 1950 he be- 
came chief engineer of Minshall-Estey Organ, 
Inc., in Brattleboro, Vermont. He is a mem- 
ber of the IRE and served on the executive 
staff in the London, Canada, section as 
secretary-treasurer and membership chair- 
man. Mr. Hadden has had one patent 
granted, and several patents are still pending 
on electronic organ keying and tone genera- 
tion systems. 


J. Lewis Hatnaway was born in Denver, 
Colorado. He participated in early broadcast 
engineering in that city. He received a BS. 
degree in electrical engineering from the 
University of Colorado in 1929 and that 
same year joined the development group of 
the National Broadcasting Company. There 
he has been engaged in diversified engineer- 
ing development in the fields of audio and 
radio frequency as well as television. While 
on leave of absence from 1941 to 1944, he 
served as special research associate at Harvard 
University, performing underwater sound de- 
velopment work. In 1948 Mr. Hathaway 
was appointed assistant manager of engineer- 
ing development for the National Broadcast- 
ing Company. He is a senior member of the 
IRE. Mr. Hathaway has been granted 
numerous patents involving sound, recording, 
electronic circuitry, and frequency modula- 
tion. 


Artuur W. Ketry, Jr. Raymonp E. Larrerty 


Artuur Wrti1Am Ke tty, Jr., was born in 
New York City in 1926. He received his 
degree in management engineering in 1951 
from Rensselaer Polytechnic Institute, where 
he minored in electrical engineering. Upon 
graduation, he accepted a sales engineering 
position with Motorola, Inc., in the two-way 
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communications division. In 1952, he ac- 
cepted his present position with the Photo- 
circuits Corporation. 


Raymonp E. Larrerty was born in Brooklyn 
in 1918. He was graduated from the RCA 
Institutes General Engineering School in 
1939 and was employed by the Ferris Instru- 
ment Corporation that same year. In 1940 
he became associated with the Allen B. Du- 
Mont Laboratories and later that year ac- 
cepted the position of chief engineer with 
WSLB. In 1942 Mr. Lafferty took a leave 
of absence to teach in the New York State 
Signal Corps Training School, and the fol- 
lowing year he joined the engineering staff 
of the Boonton Radio Corporation, where 
he was engaged in the development of micro- 
wave signal generators. He enlisted in the 
U. S. Navy in 1944 and returned to his 
former position at WSLB in 1946. Since 
1948 Mr. Lafferty has been with the engi- 
neering development group of the National 
Broadcasting Company, where he is princi- 
pally engaged in the development of radio- 
and audio-frequency devices. He is a mem- 
ber of the AES, the IRE, and the Radio 
Club of America. Numerous papers and 
monographs relating to the audio and radio 
field by Mr. Lafferty have appeared in vari- 
ous periodicals. 


Water Erwin LEHNERT THEODORE LINDENBERG 


Water Erwin Leunert was born in Scott 
County, Minnesota, in 1907. He received a 
B.E.E. degree from the University of Min- 
nesota in 1930 and also did some graduate 
study. From 1930 to 1932 he was employed 
by the Bell Telephone Laboratories on voice- 
operated switching. From 1932 to 1936 Mr. 
Lehnert was self-employed, his chief interest 
centering in design and production of wide- 
range audio transformers, including high- 
fidelity, subsonic, ultrasonic, and generally 
the more difficult types of transformers. In 
1936 he became a partner and the chief engi- 
neer for the Audio Development Company, 
and in 1950 he became president of that 
company. Mr. Lehnert is a registered engi- 
neer in Minnesota and a member of the AES, 
the AIEE, and the IRE. 


THeEOpoRE LINDENBERG was born in 1911. He 
received the degree of M.E. from Ohio State 
University in 1930. After graduation he 
collaborated with his father on early multi- 
unit loudspeaker systems and developed 16- 
mm_ sound-on-film recording equipment. 
From 1936 to 1940 he operated his own re- 


cording studios in Columbus, Ohio, and de- 
veloped early moving-coil and photoelectric 
pickups and a multiple projection system for 
theater use. He also collaborated on early 
photo-finish cameras for racetrack use. In 
1940 he joined the Fairchild Aviation Cor- 
poration as engineer on disc recording equip- 
ment, guided missiles, and aircraft fire con- 
trol equipment. After World War II he 
became engineer in charge of recording equip- 
ment and in 1947 went with the newly formed 
Fairchild Recording Corporation. He ac- 
cepted his present position as chief design 
engineer with Pickering and Company in 
1950. Mr. Lindenberg holds a number of 
patents on pickups, loudspeakers, optical 
recording systems, and movie projection sys- 
tems. 
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Donatp E. Maxwett was born in Lynn, 
Massachusetts, in 1913. He received the 
degree of B.S. in electrical engineering from 
Tufts College in 1937, and the degree of M.S. 
in communication engineering from Harvard 
University in 1939. In 1937 and 1938 he 
was employed by the General Electric 
Company as a test engineer, and from 1939 to 
1945 he was a development engineer in the 
G.E. electronics division, working on trans- 
mitters, airborne radar, and audio broadcast- 
ing facilities. Mr. Maxwell was a project 
engineer in the engineering department of the 
Columbia Broadcasting System, specializing 
in audio and video development and meas- 
urements from 1945 to 1952. He rejoined 
the General Electric Company in 1952 and is 
currently employed there as an engineer in 
the electronics laboratory at Syracuse, New 
York. He has served on many IRE com- 
mittees since 1946, and from 1948 to 1952 he 
has acted as chairman of the Audio Measure- 
ments Subcommittee 3.2 of the IRE. Mr. 
Maxwell holds twelve patents in the audio 
and video fields and has published a number 
of technical papers relating to these subjects. 


Jerry Burnett Minter II was born in Fort 
Worth, Texas, in 1913. He received a BS. 
degree in electrical engineering in 1934 from 
the Massachusetts Institute of Technology. 
In 1935 he was employed by the Boonton 
Radio Corporation in the development of 
band-pass intermediate frequency transform- 
ers and in 1936 was active in the development 
of aircraft radio receivers at the Radio 
Frequency Laboratories of Boonton, New 
Jersey. During the latter part of 1936 he 
was engaged by Malcolm P. Ferris to take 


charge of the development of a signal gen- 
erator, a radio noise and field strength meter, 
and several other projects. After the death 
of Mr. Ferris, Mr. Minter and some of his 
associates organized the Measurements Cor- 
poration of Boonton in 1939. Since that 
time he has been vice-president and chief 
engineer of Measurements Corporation. Mr. 
Minter has been active in the development 
and application of radio noise and field in- 
tensity measuring equipment and has also 
been responsible for the development of 
standard signal generators for use with radio, 
radar, and television receivers. Mr. Minter 
is a Fellow and past president of the Radio 
Club of America, a member of the Aircraft 
Owners and Pilots Association, a member oi 
the American Society for Metals, and execu- 
tive vice-president of the AES. He assisted 
in the organization of the Northern New 
Jersey subsection of the IRE and acted as 
chairman of this subsection during 1947 and 
1948. He has served on numerous RTMA, 
IRE, SAE, and ASA standards committees. 
He holds several patents and has presented 
numerous papers on various subjects in the 
audio field. 


Lestie NorDE 


Joun NIGRO 


Joun Nicro was born in Italy in 1908. He 
studied electrical engineering at the Indus- 
trial Institute Alessandro Volta Radiocom- 
munication in Rome and was graduated in 
1929 from the Experimental Institute of 
Radiocommunication. He came to the United 
States in 1931 and has been self-employed 
since that time. He has studied music for 
more than nine years and is an accomplished 
musician. Mr. Nigro is a member of the 
AES. He has spent many years in the de- 
velopment and design of the amplifier de- 
scribed in the present paper and has obtained 
a patent covering this amplifier circuit. 


Lestre Norpe was born in Hungary in 1917. 
He was graduated from the RCA Institutes 
radio engineering course in 1937 and received 
a BS.E.E. degree from the Cooper Union 
School of Engineering in 1944. He is pres- 
ently attending the Graduate School of the 
Polytechnic Institute of Brooklyn for an 
M:S.E.E. degree. From 1940 to 1944 Mr. 
Norde was employed by the Radio Engineer- 
ing Laboratories in Long Island City, where 
he was engaged in FM broadcast receiver and 
modulator design. In 1944 he became asso- 
ciated with the Press Wireless Manufacturing 
Company as development engineer and in 
1945 became supervising engineer of the 
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engineering laboratory of that company, 
where he supervised the initial electrical de- 
signs of radio teletype and facsimile receiver 
and transmitting systems. During the years 
1947-1951, Mr. Norde was senior project 
engineer for the Northern Radio Corporation 
of New York, where he supervised the com- 
plete designs of space diversity receivers and 
carrier shift radio teletype transmitting 
equipment. At present Mr. Norde is chief 
receiver engineer for the Hammarlund Manu- 
facturing Company, where he acts as super- 
visor and technical consultant for radio re- 
ceiver design. Mr. Norde is a senior mem- 
ber of the IRE, an associate member of the 
AIEE and the Armed Forces Communica- 
tions Association, and a member of Tau 
Beta Pi. 


Ouiver Reap H. E. Roys 


Otiver Reap was born in Evanston, Illinois. 
He attended Lane Technology and RCA 
Institutes. He holds honorary doctorate de- 
grees in science and literature. He was asso- 
ciated with the Central Electric Company, 
Chicago, in 1923 as a service technician; with 
the Franklyn Radio Company, Chicago, in 
1935 as a receiver design engineer; and with 
Utah Radio Products, Chicago, in 1936 as 
transmitter engineer. He joined the staff of 
Radio News (now Radio & Television News) 
in 1938 as technical editor and has been 
editor of Radio & Television News and 
Radio-Electronic Engineering since 1941. 
Since 1945 Mr. Read has specialized in the 
study of audio. He is a member of the pro- 
fessional audio group of the IRE, the AES, 
the Acoustical Society of America, the 
SMPTE, the British Sound Recording Asso- 
ciation, and the American Radio Relay 
League. He is also a national director of the 
Armed Forces Communications Association 
and represented the electronics industry at 
Bikini for the A-bomb test in 1946, which 
events he recorded on wire. Mr. Read is the 
author of a book, The Recording and Re- 
production of Sound, and of numerous arti- 
cles in the field of electronics. 


H. E. Roys received the B.S. degree in electri- 
cal engineering from the University of Colo- 
rado in 1925. From 1925 to 1930 he was 
with the General Electric Company in 
Schenectady, working on radio transmitters 
and on receiver engineering. He was trans- 
ferred to the RCA Manufacturing Company 
at Camden, New Jersey, in 1930, and in 1931 
he became associated with the phonograph 
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section there. In 1937 Mr. Roys became a 
member of the advanced development group 
oi the photophone section, which later be- 
came part of the engineering products depart- 
ment. He was located with this group in 
Indianapolis from 1941 to 1946, where he 
worked mainly on disc recording and repro- 
ducing problems. At present he is located in 
Camden and is still associated with the same 
group. Mr. Roys is a member of the AES 
and the Acoustical Society of America and a 
senior member of the IRE. He is also a mem- 
ber of Tau Beta Pi and Eta Kappa Nu. 
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Epwarp ScHMIDT Cuester F. Scorr 


Epwarp Scumipt was born in Kansas City, 
Missouri, in 1916. He received a B.S. degree 
in 1937 from Lebanon Valley College in 
Anneville, Pennsylvania. In 1937 he joined 
the photo products department of E. I. du- 
Pont de Nemours, where he worked as re- 
search and control physicist on motion pic- 
ture film items until 1941. From 1941 to 1949 
he was associated with the eastern division 
technical sales of motion picture products for 
the same company. From 1949 to 1950 Mr. 
Schmidt was employed by the Reeves Sound 
Studios. He joined the staff of the Reeves 
Soundcraft Corporation in 1950, where he 
was vice-president of sales until September 
of 1951. Since that time he has been vice- 
president of the magnetic products division 
and a member of the board of directors of 
that corporation. Mr. Schmidt is a mem- 
ber of the SMPTE and has served on the 
sound committee and the large-screen tele- 
vision committee of that organization. He 
has had several papers presented before the 
SMPTE convention meetings. 


Cuester F. Scorr was born in Worcester, 
Massachusetts, in 1906. He received a B.S. 
degree in electrical engineering from Rhode 
Island State College in 1928. From 1928 to 
1932 he was employed by the Western Elec- 
tric Company as test methods engineer and 
test equipment development engineer. He 
joined the Radio Corporation of America 
as a production engineer in the receiving 
tube division in 1933, and in 1936 he re- 
joined the Western Electric Company as test 
equipment development engineer. Since 1939 
Mr. Scott has been associated with the 
Daven Company and is at present assistant 
chief engineer there, where he is primarily 
engaged in the design and production of 
attenuators and audio test equipment. 


Hermon Hosmer Scorr Harotp T. SHenman 


Hermon Hosmer Scott was born in Somer- 
ville, Massachusetts, in 1909. He received 
the degrees of B.S. and MS. in electrical 
engineering from the Massachusetts Institute 
of Technology in 1930 and 1931, respectively. 
His designs for sound-level meters and asso- 
ciated equipment have won several awards. 
From 1931 to 1946 he was associated with 
the General Radio Company, first as sales 
engineer and development engineer and later 
as executive engineer in charge of audio 
frequency, acoustics, and related develop- 
ments. From 1947 to date he has been 
president and director of engineering of 
Hermon Hosmer Scott, Inc., Cambridge, 
Massachusetts. In addition to his work on 
the development and manufacturing of new 
products, Mr. Scott and his organization are 
currently engaged in the development of new 
sound-analyzing equipment for the Bureau 
of Aeronautics of the U.S. Navy. Mr. Scott 
is a Fellow of the AES, the IRE, and the 
Acoustical Society of America, and a mem- 
ber of the AIEE. He holds both United 
States and foreign patents in the fields of 
measurement and reproduction of sound and 
related laboratory measuring equipment. He 
is the inventor of the dynamic noise sup- 
pressor and the common type of RC oscil- 
lators and selective circuits. Mr. Scott is 
also the author of numerous technical papers 
relating to the fields of sound measurement 
and reproduction. 


Harortp T. SHERMAN was born in 1904 at 
Middletown, Connecticut. He studied elec- 
trical engineering at Pratt Institute in Brook- 
lyn. In 1921 to 1922 he served as radio 
sergeant in the Connecticut National Guard. 
From 1922 to 1930 he was engaged in the 
electrical trade in New York, and in 1930 he 
joined the Hoovenaire Corporation of New 
York as sales manager. Mr. Sherman was 
president of the Blackhawk Sound Corpora- 
tion from 1932 to 1934 and president of the 
Sherman Sound Studios in New York dur- 
ing 1935 and 1936. For the following seven 
years he was associated with the National 
Sales Engineering Dictaphone Corporation, 
and since 1945 he has been proprietor of 
Sherman Studios in New York. His main 
fields of activity have been in the develop- 
ment of special microphones, amplifiers, and 
control circuits, stereophonic radio and sound 
reproduction, and photographic processing. 
Mr. Sherman holds several patents and has 
other patents pending relating to micro- 
phones, control circuits, and stereophonic- 
systems. 
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Howarp T. STERLING 


Wim Bortnc SNow 


Witu1am Bormnc Snow was born in San 
Francisco, California. He received the de- 
gree of A.B. in 1923 and the degree of EE. 
in 1925 from Stanford University. He was 
associated with the Bell Telephone Labora- 
tories, Inc., from 1925 to 1941, where he 
worked on the development of a stereophonic 
recording system, audio-frequency electronics, 
and special applications of magnetic record- 
ing. From 1941 to 1945 he was assistant 
director of undersea warfare development at 
the Columbia University Division of War 
Research. Mr. Snow joined the staff of the 
Vitro Corporation of America in 1946 as 
director of physical research and development 
of underwater ordnance, nuclear energy 
instrumentation, and varied projects in engi- 
neering physics. Mr. Snow is a member of 
the AIEE, the IRE, the SMPTE, and the 
Acoustical Society of America. He holds 
five patents on stereophonic reproduction 
and recording. Throughout his career, Mr. 
Snow has had numerous papers published 
relative to his work. 


Howarp T. Srerttinc received his degree in 
physics from Columbia University and 
taught electrical engineering for two years at 
Manhattan College. Prior to 1948 Mr. 
Sterling worked with the atomic energy 
group at Columbia University on nuclear 
instrumentation, and at the radiation labora- 
tory of the Massachusetts Institute of Tech- 
nology on radar receivers, guided missiles, 
and instrument development. As president 
of Waveforms, Inc., since 1951, he has been 
in charge of the company’s development pro- 
gram, both for the government and for com- 
mercial applications. Formerly he was elec- 
tronic project engineer at the Freed Radio 
Corporation, where he is now retained as a 
consultant, and chief engineer of the Elec- 
tronic Workshop. Mr. Sterling has been re- 
sponsible for the development of a number of 
specialized instruments, including _ stellar 
photometers, and has published numerous 
technical papers on various aspects of circuit 
design. 


W. Eart Stewart was born in Imperial, 
Nebraska. He attended the University of 
Nebraska, receiving his B.S. in electrical 
engineering in 1931 and an MSS. in 1934. In 
1939 he received the degree of E.E. from 
Towa State College. While working on his 
master’s degree, he worked as a steam engi- 
neer and mathematics instructor at Nebraska 
Wesleyan University. In 1935 Mr. Stewart 


W. Eart Stewart Rosert HucH TANNER 


became chief engineer for radio station WOI 
in Ames, Iowa. After receiving his E.E. 
degree he was employed for two years in a 
civil service position as radio engineer, work- 
ing with aviation and navigation equipment. 
In 1941 Mr. Stewart joined the RCA Victor 
Division in Indianapolis, where he worked 
on broadcast custom equipment. During 
World War II, he was assigned to the 
design of various military equipments, in- 
cluding infrared, facsimile, and carrier multi- 
plexing. In 1948 he became manager of the 
RCA broadcast audio engineering group to 
which has recently been added television 
film projector design. Mr. Stewart is a 
Fellow of the AES and has served on stand- 
ards committees for facsimile and audio in 
the IRE, the NARTB, and the RTMA. At 
present he is chairman of a subcommittee 
on magnetic recording in the NARTB. Mr. 
Stewart has presented numerous papers on 
subjects related to his work. 


Rosert Hucu Tanner was born in London, 
England, in 1915. He attended Brightlands 
School, Bradfield College, and City & Guilds 
(Engineering) College, Imperial College of 
Science & Technology, London, and received 
T.D. (Territorial Distinction), B.SC. (Eng.) 
and A.C.G.I. (Associate of the City anu 
Guilds Institute) degrees. He had two 
years of student apprenticeship with the 
BBC (two years post-graduate). While with 
the BBC he was engaged in the research and 
television departments. During the war, he 
served with the Royal Artillery and Royal 
Signals and later with the Army Operational 
Research Group. He attained the rank of 
major before leaving the service in 1946 and 
returning to the BBC. In 1947 he joined the 
Northern Electric Co., Ltd. of Belleville, 
Ontario, Canada, where he is currently em- 
ployed as an audio engineer. He is a mem- 
ber of the Institute of Electrical Engineers 
and the Acoustics Group of the Physical So- 
ciety, both of Great Britain, and of the Asso- 
ciation of Professional Engineers of Ontario. 
He is also a member of the IRE, the Acousti- 
cal Society of America, and the AIP. Mr. 
Tanner has an active interest in photography 
and music. He has read several papers on 
television acoustics, audio design, and impact 
of acoustics on music. 


Wriu1amM Rosert Tuvrston, JRr., was born 
in Brooklyn in 1921. In 1943 he received a 
B.S. degree from the Massachusetts Insti- 
tute of Technology and in 1948 he received 


W. R. THurston, Jr. Mark VaNBusKIRK 


an MS. degree from the same institution. He 
was employed at the General Radio Company 
in Cambridge, Massachusetts, in development 
engineering from June 1943 to 1948 and in 
sales engineering since then as district office 
manager of New York sales and engineering 
office. His field of activity has been pri- 
marily the development of high-frequency 
oscillators, signal generators, and basic meas- 
uring equipment for impedance, power, and 
voltage. Mr. Thurston has also had appli- 
cation experience in most other branches of 
electronic measurements. He is a senior 
member of the IRE and a member of the 
AIEE and the Radio Club of America. Mr. 
Thurston has served on several technical 
committees, among them the AIEE subcom- 
mittee on conductors, cables, and connectors, 
the IRE committee on industrial electronics 
and subcommittee on methods of measure- 
ment, and an IRE subcommittee on video- 
frequency measurements. In 1947 his paper 
entitled “Coaxial Elements and Connectors” 
was published in the Proceedings of the 
National Electronics Conference. 


Mark VANBuskKIRK was born in Lawrence, 
Indiana. He received degrees of B.S.E.E. 
and M.S.E.E. at Purdue University. Upon 
graduation he obtained a position with P. R. 
Mallory & Co., Inc., and has remained with 
that company to date with the exception of 
four years spent in the U. S. Army during 
World War II. He spent a short time in the 
electromechanical products division of P. R. 
Mallory and in 1936 was transferred to the 
capacitor division, where his work has been 
primarily in electrolytic capacitor engineering. 
The majority of his professional activity has 
been in the field of product engineering and 
production processes. He has served on the 
Joint Armed Services Industry Committee 
for the development of specifications for 
alternating-current electrolytic capacitors. 


Aan Biocu was born in 1915. He received 
a B.A. degree in physics at Swarthmore 
in 1928 and an M.A. degree in physics at 
Oberlin in 1939. In 1940 he held positions 
as research assistant for Mount Sinai Hos- 
pital in New York and as staff writer on 
Fortune Magazine. During 1941 he was as- 
sistant to the president of Lear Avia, Inc., 
and a teaching fellow in physics at Iowa State 
College. Mr. Bloch was a Signals Engineer 
Officer in the Royal Canadian Air Force 
between 1942 and 1945. He accepted a posi- 
tion as senior development engineer at the 
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Eclipse-Pioneer division of the Bendix Avia- 
tion Corporation in 1946 and in 1947 joined 
the Arma Corporation as head of the com- 
puter development section. In 1951 Mr. 
Bloch became manager of the special devices 
division of the Electric Indicator Company, 
and he is at present with the Audio Instru- 
ment Company, Inc., in New York. 


Ricumonp L. CarpIneLt was born in Ala- 
meda, California, in 1910. He received an 
M.E. degree from Stevens Institute of Tech- 
nology in 1933. From 1933 to 1941 he was 
with the Cardinell Corporation of Montclair, 
New Jersey, and in 1941 joined the faculty 
of the sound research department of Stevens 
Institute. He served as an industrial special- 
ist on the War Production Board in Wash- 
ington, D. C., from 1943 to 1944. He then 
accepted a position as program and research 
director with the Muzak Corporation of 
New York until 1949, when he became asso- 
ciated with Magnetic Programs, Inc., of 
Hoboken, where he is now president. His 
chief activity has been in psychoacoustics, 
specifically in connection with functional uses 
and applications of music. He directed re- 
search at Stevens Institute in the field of 
industrial music, the first research program of 
this type in the country. Mr. Cardinell is a 
Fellow of tke Acoustical Society of America. 


Emory G. Cook was born in Albany, New 
York. He received the degree of E.E. from 
Cornell University, studied at the Massa- 
chusetts Institute of Technology, and has 


done graduate work at Columbia University. 


JOURNAL AUTHORS 


He has been employed by the New York 
Power & Light Corporation, the Columbia 
Broadcasting System, and the Western Elec- 
tric Company. He is currently with the 
Cook Laboratories in Stamford, Connecticut, 
where his main interests are with recording 
and audio equipment and transducers gen- 
erally. He is a member of the AES and has 
had many papers published. 


Liewettyn Bates Kermm was born in New 
York City. He was educated at the Bovee 
and Browning schools and received the degree 
of A.B. from Harvard College in 1929. After 
eight years of commercial experience, he com- 
menced practicing as a radio engineering 
consultant, specializing in audio-frequency 
work, and he is still thus engaged. During 
this activity he developed the first line- 
powered electroencephalograph, and he has 
installed several AM broadcasting stations. 
He also served as chief engineer and manager 
of New York’s first commercial FM station, 
W47NY (later WGYN). Mr. Keim has 
served as assistant executive secretary of the 
IRE. He is a Fellow of the Radio Club of 
America. Numerous papers on audio-fre- 
quency techniques have appeared under his 
authorship in Radio News, Audio Engineer- 
ing Magazine, and on amateur radio subjects 
in QST. 


Epwin D. Sisson was born in Columbus, 
Ohio. He received the degree of B.E.E. from 
the Ohio State University College of Electri- 
cal Engineering. He was employed for five 
years in the Delco Radio Division of the 
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General Motors Corporation as laboratory 
engineer in design and development of auto- 
motive radio receivers. He served with the 
Army Signal Corps as a civilian radio engi- 
neer before entering the Bell Sound Systems, 
Inc., as project engineer. For the past six 
years Mr. Sisson has been chief engineer at 
the Bell Sound Systems, Inc., working on 
the design, development, and production 
engineering of a variety of sound amplifying 
equipments for intercommunication and re- 
cording systems. He is a member of the 
AES and the IRE. 


Aan Soper was born in New York City in 
1928. He received a BS. degree in electri- 
cal engineering from Columbia University in 
1947 and an MS. degree from Columbia 
University in 1949. At Columbia he was 
associated with the college radio station 
WKCR and was chief engineer there for two 
years. From 1947 through 1950 he held 
various engineering positions, and during the 
academic year 1948-1949 he was tutor in 
electrical engineering at the College of the 
City of New York. Mr. Sobel was formerly 
associated with the Electronic Workshop, 
where he succeeded Mr. Sterling as chief 
engineer and worked on tape recorder de- 
velopment and instrument design. Since 
1951 he has been a member of the research 
department of the Freed Radio Corporation, 
where, as electronic project engineer, he is 
responsible for electronic design and de- 
velopment on Air Force research contracts 
in the general field of radar display. 


Printed by Tuomas J. Grirritus Sons Inc., Utica, N. Y. 
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